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ABSTRACT

G

Even though the significance of interchannel cadksh multichannel microphone technique has been a
issue of much debate in the field of sound recaydamy effects on the perception of reproduced faman
images have not been investigated systematicallirere is consequently no experimental data to which
sound engineers can refer when attempting to cloimtierchannel crosstalk in the design and appboat
of multichannel microphone technique. It was tfeme necessary to investigate the effects of such

interchannel crosstalk in both the perceptual &rdohysical domains.

Extant multichannel microphone techniques were esged, concentrating on their crosstalk
characteristics. Findings from concert hall andmoacoustics studies relating to the effects ofyear
reflections, which might be the basis for underdiag the perceptual effects of interchannel crdissta

were also studied.

The effects of interchannel time and intensity tieteship and sound source type on the perception of
stereophonic phantom image attributes were firsimémed in the context of two-channel stereophonic
reproduction. The perceptual attributes of phansmurces affected by interchannel crosstalk inethre
channel microphone technigque were then elicited tne effects of interchannel time and intensity
relationship, sound source type and acoustic comdibn the perception of those attributes were
investigated. The effects of interchannel crokstel sound quality preference were also examined in
both controlled and practical manners. Finallylof@ing objective measurements of experimental
stimuli, relationships were established between pieeceptual and objectively measured effects of

interchannel crosstalk.

It was found that the most salient perceptual &ffe€ interchannel crosstalk were an increase imcs
width and a decrease in locatedness. The rel&iifpnsetween interchannel time and intensity
differences involved in the crosstalk signal wagnsicant for both effects. The type of sound seur
was significant only for the source width effectembas the acoustic condition was significant oply f
the locatedness effect. The source width increase mainly influenced by the middle frequencies of
crosstalk signals in a region of the spectrum addL®O0Hz, at the onsets of the signal envelopetie T
results of listener preference experiments sugdebeg the preference for interchannel crosstalkld/o
depend on the spectral and temporal characteristissund source to be recorded rather than on the

maghnitude of interchannel crosstalk.
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0 Introduction

0 INTRODUCTION

0.1 Background to the Research

As multichannel stereophonic audio systems have become populaem years, a
number of multichannel microphone techniques for classical musicdieg have

been proposed corresponding to the requirement of the new reproduction
configuration. The reproduction configuration that is most widely usedhe
current multichannel sound recording for classical music eragloge front and two

rear loudspeakers as recommended in ITU-R BS.775-1 [1994ti(pee 0.1).

Figure 0.1 Reference loudspeaker arrangement with left (L), ce@yeright (R),
left- surround (LS) and right-surround (RS) loudspeakers as reended in ITU-R
BS.775-1 [1994]
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Multichannel stereophony is able to overcome some of the liaritabf conventional
two-channel stereophony, by adding a centre channel providing a ctaltle image
and two rear channels delivering an enhanced sense of spgtieksion. However,
the addition of extra channels in multichannel microphone techmigiwes rise to a
guestion about the effect of interchannel crosstalk, which hexs dalebating issue
between many recording engineers recently. The current ¢hesmel or five-
channel main microphone techniques, which are discussed in detail iteChapre
designed so that phantom imaging of a sound source primarily oelitee time and
intensity relationship between the signals from the two microgha@ogering the
sector of the stereophonic recording angle in which the stiesce In those types of
microphone techniques, therefore, there is the implicit assumptiorsigmals from
microphones other than the pair that is primarily respon&blphantom imaging can
be treated as unwanted crosstalk. For instance, as ilkgstregigure 0.2 if a three-
channel microphone array was used for recording a single sound kmatesl in the
right recording sector of the array, signals from the microphgair of C and R,
which cover the recording sector where the source lies, wmildonsidered to be
‘wanted’ while any signal from the contralateral microphone LIld/dae regarded as
‘unwanted’ crosstalk. The crosstalk channel would haviicetime and intensity
relationships to the wanted channels depending on the distadcangle between
microphones in the array and therefore the presence of the crogstddkbe likely to
affect certain aspects of the perception of the phantomeinsagn if the location of

that phantom image could be determined solely by the wanted channels.
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Figure 0.2 Conceptual illustration of interchannel crosstalk in eedgkchannel
microphone array (real source shown at S)

Based on the fact that each pair of microphones (C-L, C-R and L-R) in a threetchanne
microphone array would pick up the sound with different interchanned amd
intensity relationships, Theile [2000] claimed that interchaena$stalk in a three-
channel microphone technique would result in the perception of triple phantom images,
thus decreasing the focus and clarity of phantom image lodgatisatFrom this, he
suggested that in order to achieve the optimum sound image qumaidyophone
techniques should be designed to reduce the intensity of interchenogstalk as

much as possible.

Theile’s hypothesis concerning the perception of three separate imaggsestsned
by Rumsey [2001]. Rumsey asserted that the listener would I tiikperceive a
single fused phantom source whose ‘size, stability and posit®mgoverned by the
relevant intensity and time differences between the sigraaisl suggested a need for
further experiments regarding the perceptual effect ofahtemel crosstalk. In fact,
there is no experimental evidence available to support tpke tphantom image

hypothesis.
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Williams [2003] disagreed about the perceptual importancetefcimannel crosstalk
claimed by Theile. He argued that the interchannel crosstalki be reduced to a
great extent using directional microphones, and therefore it wailtbe particularly
consequential. He seemed to suggest that in order to obtaianadshland accurate
localisation performance, it would be more important to linkrdeording angles of
each stereophonic segment without overlap than to achieveatienum suppression

of interchannel crosstalk.

0.2 Aims of the Research

Despite the above debate, to date there seems to be no canelnswer about the
question of whether interchannel crosstalk in multichannel steremphone arrays
matters or not. In fact, this topic seems to be largely digperon the recording
engineer’s personal preference for the resulting sound gaaditg sound recording is
an artistic achievement as well as a technical one. Timanyr problem, however, is
that to date there is no clear information available abdwitspecific influences that
interchannel crosstalk has on the perception of the resuliimgdeced sound, since
no detailed research of which the author is aware has been aahdurcthis topic.

There is therefore no experimental basis for discussing howclivatenel crosstalk
should be taken into consideration in the design of new multichannebphame

techniques or in the application of existing techniques. The mlwarly the

perceptual effects of interchannel crosstalk under varieasrding conditions are

understood, the more flexible and successful the design and dpplicat
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multichannel microphone techniques will be. Based on this backgrouncijriieat
research was undertaken to provide in-depth experimental data on rteptpal
effects of interchannel crosstalk. The specific aimshf tesearch were to answer

the following questions.

What kinds of auditory attributes can be perceived, arisiom finterchannel

crosstalk, and how audible are they?

What variables in the recording environment affect the peoemtf crosstalk

attributes?

How are any perceptual effects related to the physical dkeasiics of the

crosstalk signal?

How does interchannel crosstalk influence the subjectiefemmce for perceived

sound quality?

0.3 Theoretical Basis for the Research

Prior to conducting experiments, it was first necessary to stahel the
psychoacoustic principles of stereophonic phantom imaging 3s lbbeame the
theoretical basis for the creation of the experimentaluitim It was also important to
discuss existing multichannel microphone techniques with rdgatfie relationships
between their crosstalk characteristics and the resulticgli$ation characteristics,
since Theile [2000] originally proposed that interchannel crdsstauld primarily

affect localisation accuracy. Then the concert hall and rocoustics research
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conducted on the effects of acoustic reflection needed to bewedi Since
interchannel crosstalk and room reflections both represent segatelayed signals
and most of the reflection studies were conducted in the coofestereophonic
reproduction, the perceptual attributes of reflection found in sachstics research
were expected to become the basis for formulating experimeypatheses, which
are presented in each corresponding experimental chapter. Mordw reflection
studies show the relationships between perceived effectsvandus physical
parameters, which became a useful basis for discussingetiults of the current
experiments. However, the difference between acoustic tiefleand interchannel
crosstalk in respect of such experimental parameters as tleeabdeglay time and the

type of sound source needed to be taken into consideration when dig¢bssiesults.

0.4 General Overview of Experimental Methodology

In order to achieve the above mentioned aims successfully,rébgarch was
conducted using a range of appropriate methods. The detailed metployed for
each experiment will be described in each corresponding chaptethi®gection
briefly covers the type of specific technique used to colleia déh respect to each
research question. Firstly, the extraction of the perceptuidduaes of interchannel
crosstalk was achieved by analysing descriptive terms that wdtecefrom listeners.
Secondly, the significances of the experimental variableg wtistically analysed
using the data obtained from a grading experiment. Thirdly, i ¢odexamine the

relationship between the physical parameters and perceivedts rephysical
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measurements of the experimental stimuli were made using@opgiate objective
model. Finally, when investigating the preference for interchamos$talk, subjects
were asked to grade the magnitude of preference as wddlsasbing the reasons for
their judgments. Therefore, in summary, the current researablvédv both
guantitative and qualitative approaches, incorporating both perceptpatiments

and physical measurements, in order to obtain a suitably comprehensive undegstandi

of the effects involved.

0.5 Structure of the Thesis

The remainder of this thesis is divided into six main clrapt@d three appendices.

The outline of each part is as follows.

Chapter 1 covers the psychoacoustic principles of stereophonic sszording and
reproduction. Firstly, the interchannel relationships requicedspecific phantom
image locations in two-channel stereophonic reproduction are discidsmaed by

the review of the design principles of two-channel microphone tggbsi Then, the
features of imaging characteristics in multichannel stéraoip reproduction are
described, and the current multichannel microphone techniquesewmved and

discussed with regard to their crosstalk characteristics.

Chapter 2 reviews the previous research relating to ttoemeal effects of reflection

that have been conducted in the context of concert hall and roomtiesous
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Localisation, spatial impression and timbre are described asntie auditory
attributes that are influenced by the addition of reflection, dnly the first two
attributes are considered in this review. The precedeneet e$f described as the
law of auditory localisation in the presence of reflectiohe physical parameters
required for triggering this effect are discussed, and theitteg aspects of this effect
are examined. Then the conceptual properties of spatial isiqmeare discussed
and various perceptual paradigms are introduced. Finally, ugarmbjective

parameters that can be used for the measurement of spatial imperssdiscussed.

Chapter 3 describes subjective experiments that were coddiactebtain a useful
experimental basis for investigating interchannel crosstalke fifst experiment was
to elicit the perceptual attributes of phantom images in tvamel stereophonic
reproduction and the second experiment was to grade the magnitubesetiects of

interchannel time and intensity relationship and sound source type on thatiperoé

those attributes. The experimental design including stimuli ioreagxperimental
physical setup and subject selection is described. Then, forex@ehiment the
listening test method is described and the results are discus$he limitations of

these experiments are also considered.

Chapter 4 contains descriptions of a series of subjeaimeriments that were
conducted to investigate the perceptual effects of intargia crosstalk in
multichannel microphone technique. The first experiment was destgnaicit the
relevant attributes and select the most salient of these. s@tmnd experiment

employed subjective gradings of the magnitudes of perceivecteffer the selected
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attributes. The third experiment examined the effect ofdhtamel crosstalk on the
subjective preference using the controlled experimental stifrarh the previous
experiments. Additionally, the preference for interchanneidstatk was investigated
using practical recordings made with two different microphonbnigaes having
different interchannel crosstalk characteristics. Thiaptdr first discusses the
microphone technique and sound source chosen for the experiments, fdipwed
descriptions of stimuli creation process, experimental physealp and subject
selection. Then, for each experiment the listening test methdesigibed and the

results are discussed.

Chapter 5 presents the results of objective measuremede&simarder to investigate
the relationships between the perceived results obtained ipréwious grading
experiment and their physical causes. The principles of fleetode model used for
this measurement are summarised. Then, the measured resatispaged with the
perceived results for each independent variable and for eatlattribute. Finally,
the effects of frequency and envelope of source signal on theunesl results are

discussed.

Appendix A describes a two-channel localisation experiment cordlucterder to
investigate the individual influence of interchannel tinmel @ntensity difference on
the phantom image localisations of speech and various musicaésouithe stimuli
and experimental method are described. The results of theim&perare

statistically analysed, and the psychoacoustic data obtainedl &wund sources are
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unified. Finally, a new interchannel time and intensity traffidunction is proposed,

and the validity of this function is verified.

Appendix B contains all the figures of the plots obtained fromntieasurements

described in Chapter 5.

0.6 Original Contributions

Perceptual differences between monophonic source images atatrsponding
two-channel stereophonic phantom images, which had not previously been
investigated systematically, have been elicited in detail (Chapter

The effects of interchannel time and intensity relationship sound source type
on the perception of the above differences have been determined (Chapter 3).
Perceptual attributes arising from interchannel crosstalkthiree-channel
microphone technique have been elicited (Chapter 4).

Detailed analysis has been performed on the effects otlatenel time and
intensity relationship in microphone technique, sound source type andtiac
condition on the perceived magnitudes of crosstalk attributes (Chapter 4)
Dependency of the preference for interchannel crosstalk on preedfy sound
source has been suggested from a systematic subjective comparisom li28Vee
and ICA-3 three-channel microphone techniques, which differ in their

interchannel crosstalk characteristics (Chapter 4).

10
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Dependency of the source-width-increasing effect of interchanogstalk on the
spectrum and signal envelope of the sound source has been proposed from
objective measurements of experimental stimuli that were maieg a
perceptual model (Chapter 5).

A novel hypothesis on the mechanism of locatedness perception bas be
suggested based on the combination of the precedence effdtiedndalisation

lag effect (Chapter 5).

Original psychoacoustic values of interchannel time and intewkftgrences
required for the localisation of phantom images aff ZDfand 307 between
loudspeakers in two-channel stereophonic reproduction have been obtamed f
localisation experiments using speech and various musical sourt@sowhich

had not been used in previous experiments of a similar type (Appendix A).

Novel interchannel time and intensity trade-off functions ffier phantom image
shifts of 107 209 and 30f have been devised using the psychoacoustic values

obtained in the above localisation experiments (Appendix A).

0.7 Summary

This chapter firstly presented the background to the rdseaidt determined the aims
of the research. Then, the theoretical basis for this @seand the general
experimental methodology were overviewed. The structure of thiésis was

outlined, and finally the original contributions of this research wamnsarised.

11



1 Psychoacoustic principles of stereophonic resaydind reproduction

1 PSYCHOACOUSTIC PRINCIPLES OF
STEREOPHONIC RECORDING AND REPRODUCTION

This chapter is concerned with the psychoacoustiociples of stereophonic

recording and reproduction.  Since interchannelsstadk is a property of

multichannel stereophonic microphone techniquewili first be necessary to

understand the basic theories of stereophonic phaimaging, which become the
basis for the design of stereophonic microphonertiggie, and to review the existing
multichannel stereophonic microphone techniquesceatnating on their crosstalk
characteristics.  Internationally the configuratiai multichannel stereophonic
reproduction systems are termednt stereo, whera is the number of front channels
and m is the number of rear (surround) channels [Run@yl]. Therefore, the

conventional two-channel stereophonic system iedaR-0’ stereo whereas the five-
channel system is called ‘3-2' stereo. In the scop the current study, only the
context of classical music recording is considere8lince it is not a usual trend to
employ the sub-woofer channel in the multichanmeglording and reproduction of
classical music, the term ‘3-2' stereo will be ugethis review rather than the popular
term ‘5.1’ surround. In this chapter, the aspeats2-0 and 3-2 stereo will be
discussed in turn. For each, the principles ofnpdra image localisation will be

covered first and then the microphone techniquesgded on the basis of those

principles will be reviewed.
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11 Phantom Imaging Principles for 2-0 Stereophoni ¢

Reproduction

The psychoacoustic principles of phantom imagelikaigon for conventional two-
channel stereophonic reproduction have been exelpstudied in the field of audio
engineering since the beginning of stereophoniordiog in the 1930s. These
principles also become the basis for the desigtesEophonic microphone techniques.
Localisation in 2-0 stereophonic reproduction issitally governed by the
interchannel relationship between the two loudspealgnals and this should be
distinguished from the interaural relationship begw the ear input signals. The
latter is formed depending on the former througbuatic crosstalk between the ears
and this causes the localisation of phantom imégdse limited within the spread of

the two loudspeakers.

1.1.1 Summing Localisation

In 2-0 stereophonic reproduction, when both loudkpes radiate coherent signals, the
listener will perceive a single phantom image oa thedian plane between the two
loudspeakers. If one of the signals is delayeattanuated in a small range up to
1.1ms or 15-18dB respectively, the position of $hegle image will be shifted from
the middle toward the earlier or louder loudspedBauert 1997]. This effect is
called ‘summing localisation’ and it becomes thesidafor the phantom image

localisation in stereophonic sound reproductiorf.thé delay time exceeds 1.1ms, the
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phantom image will constantly appear at the ealbbeidspeaker by virtue of the

‘precedence effect’, which will be discussed inailéh the next chapter.

Since 1940, a number of researchers carried ojedive experiments based on the
summing localisation theory in order to investigéte independent influence of
interchannel time difference (ICTD) or interchaniméénsity difference (ICID) on the
localisation of phantom image (e.g. de Boer [194@Rkey [1959], Mertens [1965],
Simonsen [1984], Wittek [2000]). The data fronfetiént researchers vary a lot and
this seems to be due to the use of different ewparial methods and different sound
sources. Table 1.1 presents a summary of the psychoacoustic datanedtay
several researchers who used natural sound sotumckgjing the data obtained from
the author’'s own localisation experiment described\ppendix A. It can be seen
firstly that for both ICID and ICTD the values olsted by de Boer [1940] are much
greater than the values obtained by the others.Bode’s reports do not indicate the
values required for the full image shift. Simond@®984]'s data obtained using
speech and maracas are arguably the most wideledjulata for the design of two-
channel stereophonic microphone techniques, fompia the design of Williams
[1987]'s near-coincident microphone techniques &sda on Simonsen’s data. |t
appears that his ICID values required for the imsigéts of 10§ 20 and 30f are
approximately 2—3 dB lower than those of Wittek(@Dand the author [2004] (see
Appendix A), which is considered to be significasthough there is no such obvious
difference between their ICTD values. It is inttieg to find that Wittek and the
author’s data are very similar to each other wétard to both ICID and ICTD. ltis

not totally clear why there is such a big differerietween Simonsen’s and Wittek’s
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or the author’s data. However, considering thatdisen’s experiments used only

two subjects, it seems unreasonable to apply tedses directly without verification.

Additionally, it appears that the psychoacoustitugarequired for the full phantom
image shift in summing localisation is approximatgbuble the value required for the
full lateral displacement in binaural localisationThis difference in the influences of
‘interchannel’ and ‘interaural’ cues is due to theoustic crosstalk that inevitably

arises in stereophonic loudspeaker reproduction.

Researcher De Boer Simonsen Wittek Lee (author)
[1940] [1984] [2000] [2004]
Sound Speech Speech speech Speech
source / maracas / various
109 5dB 2.5dB 4.4dB 4.0dB
ICID 209 11dB 5.5dB 8.8dB 8.4dB
309 | notindicated 15dB 18dB 17.1dB
109 0.7ms 0.20ms 0.23ms 0.27ms
ICTD 20 1.7ms 0.44ms 0.45ms 0.50ms
309 | notindicated 1.12ms 1.0ms 1.1ms

Table 1.1 Comparisons of interchannel intensity and timeedéhces required for
particular phantom image positions in stereophtmidspeaker reproduction

1.1.2 ICTD and ICID trading in summing localisatio n

When summing localisation is effective, the dirextiof a stereophonic phantom
image can be determined by a combination of ICTD EPID. This becomes the

basis for the design of near-coincident stereoghanicrophone techniques such as
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‘ORTF and ‘NOS’, which will be discussed later. h& most widely quoted example
of ICTD — ICID trading-off might be the curves thaere created by Williams [1987]
based on Simonsen’s data. As can be sedfigure 1.1, various combinations of
ICTD and ICID can cause the phantom image to apgiedifferent positions between

loudspeakers in the conventional stereophonic geraent.
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Figure 1.1 Interchannel time and intensity trading in 2-€rgbphonic reproduction
[after Williams 1987]

It was proposed by Theile [2001] that the degrephaintom image shiftZ) could be
calculated simply by the linear combination of ICabd ICID, as shown below. If
the phantom sound source is shifted due to cel@d and additionally due to certain

ICTD, the resulting shift is approximately the sofiboth single shifts.

B (1L 9g=(Nh+ (9
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However, the above theory of simple linear combamatvould work only in a limited
image shift region since stereophonic reprodudtias a problem of angular distortion.
Wittek and Theile [2002] pointed out that localisatcurves of pure ICTD or ICID
that have been introduced in the literature gehlyesllow linear progressions up to
about 75% (22.9 of the shift region, and beyond 75% the curvesl t®® become
exponential. A similar tendency was found from toealisation test that was
conducted by this author using various types ofinahtsound sources (see Appendix
A). This angular distortion problem seems to bateel to Mills [1958]'s finding.
Mills carried out a subjective experiment to meastire smallest angular change of
sound source that the listener could just detetichvis the so-called ‘minimum
audible angle (MAA)’, using pure tones. The ligenwere blindfolded and asked to
discriminate the locations of two loudspeakershasangle between them was varied
gradually from 0. As shown inFigure 1.2, the azimuth position of the centre axis
of the loudspeaker pair was also varied fromd75. It was found that the MAA
became larger as the loudspeaker pair moved awthetside of the listener. This
result seems to suggest that in stereophonic raptioth the listener’s sensitivity for
localising a phantom source decreases as the idiment the source moves from the

front to the side.
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MAA =21

Figure 1.2 Schematic diagram of minimum audible angles (MA#tween two
loudspeakers measured directly in front of theefist and at 75toward one side of
the listener [Mills 1958]

There is a report in the context of headphone hption that for an auditory image
created with a combination of interaural time difece (ITD) and interaural intensity
difference (IID), the so-called ‘time image’ anchténsity image’ can be perceived
separately [Whitworth and Jeffress 1961]. It isught that a similar effect could be
observed also in a stereophonic reproduction depgnoin the combination ratio

between ICTD and ICID. If this is the case, thigling of imperfect time-intensity

trading might support Theile [2001]'s hypothesiattmultiple phantom images could

be perceived due to interchannel crosstalk in chdimnel microphone technique.

1.2 2-0 Stereophonic Microphone Techniques

The designs of conventional two-channel stereomhomicrophone techniques are

based on the psychoacoustic principles of sterauphtocalisation that were
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discussed in the above sections. Conventionalctvemnel microphone techniques
can be divided into three main types by their designcepts: coincident pair
technique, spaced pair technique and near-coincjukin technique. As mentioned
briefly earlier, for the imaging of a sound sourtke coincident pair technique
primarily uses the ICID; the spaced pair technigises the ICTD; and the near-
coincident technique uses a combination of the IGHD ICID. It will be logical to

discuss the design principles and operational cheniatics applied for these
conventional techniques prior to discussing those the recently developed
multichannel microphone techngiues, since therlatbased on the former to a great

extent.

1.2.1 Stereophonic recording angle (SRA)

The stereophonic recording angle (SRA) can be ddfias the sector of the sound
field in front of the microphone array that is lbsed at fully left or right between the
two loudspeakers and becomes an important parariwgteiesigning a stereophonic
microphone technique [Williams 2004]. The SRA @ mecessarily equal to the
angle between the microphones, but is determinethéyhorizontal angle of sound
field that produces the interchannel differenceunegl for the full phantom image
shift for a given microphone technique. This is teolted by the angle or distance
between the microphones, or the combination of Hetiending on the type of design
concept for the microphone technique. For instarffoe a given sound source

position, when the angle between two uni-directianacrophones is increased, the
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ICID that is produced for the sound source willibereased but the SRA will be
decreased relatively. Similarly, when the distahetween two omni-directional

microphones is decreased, the ICTD will be decbasethe SRA will be increased.

However, since the value of ICTD or ICID requiredd & particular phantom image
shift tends to vary depending on the source of da#&relies upon, as shownTiable
1.1, the calculation of the SRA would also be depehasnwhich psychoacoustic
values are used, although Simonsen [1984]'s vahaee been most practically used
to date. Based on Simonsen’s data, Williams [19&4tulated the relationship
between SRA and specific combinations of angle dislance between various
directional microphones. The results obtaineccéodioid microphones are shown in
Figure 1.3and these are the so-called ‘Williams curves’. tt¥ki[2001] developed a
tool for the design of two- or three-channel midrope technique called ‘Image
Assistant’ (sedrigure 1.4), which enables one to calculate the SRA as weliha
localisation curve and angular signal relationshgsed on the microphone polar
pattern and the angle and distance between micngshihat are controlled by the user.
The psychoacoustic principles for this model arseldaon the interchannel trading
relationship proposed by Theile [2001] and therttannel difference data obtained
by Wittek [2000], and therefore the SRA based as tibol will differ from that based
on the Williams curves. It is considered that lilnege Assistant seems to provide a
more flexible and precise way of calculating theASRan the Williams curves since,
with the former, combinations of virtually any nmoghone angles and distances

together with various microphone polar patternspassible.
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Figure 1.3 SRA diagram for cardioid microphones [after Vdiftis 1987]

Figure 1.4 Layout of the ‘Image Assistant’ tool [Courtesy\Wfttek 2001a]

The SRA of a microphone array will be a crucialtéador the recording engineer to
control the amount of space between the loudspsdkat is occupied by the phantom
images in the reproduction. For example, as caseaa inFigure 1.5 when the
SRA is greater than the extent of the sound soercsemble, the extent of the
reproduced phantom sources will be narrower thahdhthe loudspeakers. On the
other hand, when the SRA is smaller than the extetite ensemble (séégure 1.6),

the sound sources that are located at the leftright limits of the SRA and outside
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will be reproduced at fully left and right respeely. In this case a linear
distribution of the phantom images becomes imptessiiven though the phantom

images are created at the full stereophonic extent.

Recording Reproduction

Ox AT, e X

<

Figure 1.5 Stereophonic recording and reproduction in refeto the stereophonic
recording angle; when the SRA is greater than pheasl of the sound sources
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Figure 1.6 Stereophonic recording and reproduction in refeto the stereophonic
recording angle; when the SRA is smaller than pread of the sound sources
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1.2.2 Coincident pair microphone technique

Coincident pair microphone techniques consist af divectional microphones that are
placed together, with the angle between the miwoph usually being adjustable
depending on the SRA that is desired. The phairaging of a coincident array is
based on the summing localisation principle thatveots pure ICID to low frequency
(<700Hz) ITD [Clarket al 1958]. Due to the spacing between the microphditis

time difference information is encoded betweennigophone channels.

The microphone technique of this type that wag fitaveloped is the ‘Blumlein’
technique, which uses a pair of figure-8 microplsoaeayed at a fixed lateral angle of

90 fas can be seen kigure 1.7.

Front quadrant

In phase

Left quadrant Right quadrant

Out-of-phase Out-of-phase

Rear quadrant

In phase
(L/R reversed)

Figure 1.7 Configuration of the ‘Blumlein’ coincident pair tegique
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In this technique the maximum ICID is caused -at5 9 @l@&re the off-axis of one

microphone corresponds to the on-axis of the atlierophone. The intensity of the
summed signals for any sound source located infriv@ quadrant of the array
remains constant due to the identical cosine respaver the whole pickup angle
[Eargle 2001, Rumsey 2001]. The reversed polanitthe side quadrants results in
out-of-phase information. The sound picked up hiese regions, typically being
reflections or reverberation, will suffer from aasipl ambiguity [Eargle 2001] and
cancellation if the channels are summed to monarigty 2001]. The sound picked
up by the rear quadrant is in-phase but the lef§ht polarity of the reproduced image
will be opposite to that of the front quadrant. eTlbcalisation curve for this array,
which is calculated based on the image assistshiown inFigure 1.8 The SRA

for this array is 73 which means that this array may be required tpladeed far away

from the performance stage in order to achievenaali distribution of phantom
sources. It has to be noted that the SRA of acadént array does not vary with the
distance of sound source from the array. The Biinmarray generally provides
‘crisp” and *accurate’ phantom imaging in the reguotion [Rumsey 2001] as well as

a ‘good sense of acoustical space’ [Eargle 2001].
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Figure 1.8 Localisation curve for the ‘Blumlein’ array, calatd using the Image
Assistant [Wittek 2001a]; the SRA is 72°.

When a front-biased stereophonic image is desirédiophones of cardioid patterns
can be used instead of figure-8 patterns. A catdimssed coincident pair
technique is normally called XY technique. The larigetween the microphones for
an XY array normally varies from 90° to 180° depegdon the SRA desired for
specific recording situations. For instance, whefully wide phantom imaging of
sound sources is desired, as the microphone aroagsrfarther away from the sound
sources, the angle between the microphones has tockeased to reduce the SRA.
Examples of the lateral angles that are most pogulaed for XY techniques are 90°,
131° and 180° (the so-called back-to-back). TheAsSRalculated for the
microphone arrays with these later angles usingrttage assistant model are 180°,
136° and 92° respectively. The polar pattern afrophone can also be changed to
super-cardioid or hyper-cardioid with a correspogdiateral angle for the desired
SRA. A practical example is a crossed pair of supedioids with a lateral angle of
120° with the SRA of 98° [Eargle 2001]. Similattythe figure-8 pair technique, the

cardioid-crossed pair techniques are advantageousadcurate phantom imaging



1 Psychoacoustic principles of stereophonic resaydind reproduction

[Eargle 2001]. It also has a good monophonic cdibiity as there is virtually no

comb-filter effect that is caused by phase cantieligStreicher and Everest 1998].
However, the cardioid-crossed pair techniques inegd have a ‘poor sense of
acoustical space’ [Dooley and Streicher 1982] du¢he lack of interchannel time
difference information and a poor frequency respoofsthe central signal due to the

wide angle between the microphones facing the xi§fRrumsey 2001].

1.2.3 Spaced pair microphone technique

Spaced pair microphone techniques have been widgdyg since they were first
introduced in the 1930s [Steinberg and Snow 19&4d an Snow 1953]. Two omni-
directional microphones are most frequently usedifspaced array since they tend to
provide a wider and flatter frequency response thandirectional ones [Rumsey

2001].

For a spaced omni array the amount of interchatimed or intensity differences

resulting from a sound source at a particular éhtposition largely depends on the
distance of the source from the array. When tktadce is very short (1-2m), both
ICTD and ICID can be effective for the localisatiohphantom source. However, as
the microphone array is moved away from the souhee|CID will become negligible

and the localisation will be mainly governed by t88D. This means that the SRA
also can vary to some extent depending on thendistbetween the microphone array

and sound source.
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The spacing between the microphones is taken intmumt for the linearity of
phantom source distribution. According to the Imayssistant model, when the
microphones are spaced about 40cm apart and soumdes are five metres distant
from the array, the SRA becomes 98°, which meaatttie phantom images for the
sound sources located at greater than +49° fronteéh&re axis of the array will be
localised at fully left or right (seBigure 1.9. However, if the microphone spacing
is increased to 1m with the identical source distarthe phantom images for the
sound sources located at greater than only £18°cwhe to be localised at fully left
or right and this causes a perception of the sedaahole in the middle’ effect (see
Figure 1.9. This strong microphone spacing dependency dainf@m image
distribution in spaced omni arrays is caused bec#us ICTD required for triggering
the precedence effect is produced at smaller aoigkound source as the spacing
between the microphones is increased. From thgeabbmight be important for
recording engineers to consider the width of sosmuarces and the distance between
the sound sources and microphone array when theigedéhe spacing between the
microphones. Dooley and Streicher [1982] propdsat tthe spacing between
microphones need to be between 1/3 and 1/2 obtaéwidth of the sound sources in

order to achieve a satisfactory phantom image iket#bn.



1 Psychoacoustic principles of stereophonic resaydind reproduction

30 30
7 20 7 2
] ]
=4 d =40cm =4 d=1m
[} (7}
S 10 S 101
2 2
[=2 [=2
] 5]
o O o O
S e
= =
o o
(2] (2]
e -10] e -10]
2 2
c c
© ©
=) =)
o .20 o .20

-30 -30

90 75 60 45 30 15 15 30 45 60 75 90 90 75 60 45 30 -15 15 30 45 60 75 90
Sound source angle (degrees) GGGG Sound source angle (degrees) G

Figure 1.9 Comparison of the localisation curves for thecgpaomni arrays with
different distances between microphondy €alculated using the Image Assistant
[Wittek 2001a]

It is widely accepted that accuracy of phantom ienbigalisation for a spaced omni
array is not as good as that for a correspondiimgictent array. It is pointed out by
Rumsey [2001] that this is particularly true fomtauous sounds as the precedence
effect is triggered mainly by transient sounds (Arendetailed discussion on the
characteristics of the precedence effect is predeint Section 2.2.1). Furthermore,
spaced omni arrays tend to suffer from low freqyesamb filtering due to the lack of
phase coherence at low frequencies between thed smuiving at each microphone
[Dooley and Streicher 1982]. However, the highBcatrelated signals caused by
these arrays are claimed to provide a good senseatfal impression to recordings
and this makes spaced pair techniques suitablanfdrience pickup in multichannel
stereophonic recordings [Rumsey 2001]. As theadist between the microphones
for a spaced array is increased, there will be mes®orrelated ambient sounds such as
reflections and reverberation picked up by the yarthus increasing the spatial

impression.
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The hole-in-the-middle effect resulting from a kugpacing between microphones can
be avoided if an additional microphone is added dazentral sound pickup. For
example, the so-called ‘Decca tree’ technique uslesee omni-directional
microphones and is known to produce a solid ceintigge as well as good spatial
impression. The operational principle of this t@goe will be discussed in s later
section as it might be considered to be more udefuthe purpose of multichannel

stereophonic recording.

In addition, for recordings of wide sources suchleage scale orchestra and choir,
spaced pair techniques are often used as outriggessidition to coincident pair
techngiues as main pickup, in order to provide féicsent spatial impression as well
as a more detailed imaging of the direct soundatéat at the extremes of the stage

[Eargle 2001].

1.2.4 Near-coincident pair microphone technique

Near-coincident pair microphone techniques employpar of uni-directional

microphones that are spaced closely and angledaodifwhus having forms of both
coincident and spaced pair techniques. Designshe$e techniques rely on a
combination of ICTD and ICID that can be traded-wif certain SRAs, although it
would depend on which trading relationship is bedtg and therefore it is possible to
vary the distance and angle between microphonesrious ways depending on the

attributes of phantom images that are desired bygrding engineers. As stated by
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Rumsey [2001], near-coincident microphone techricueve their advantages in the
compromise between an accurate phantom image datialh and a good sense of
spatial impression since these attributes cannatveagys conveyed simultaneously by
a coincident or spaced pair technique alone. ®&iance, if the microphone distance
was increased against the angle for a certain $fRAresulting image would benefit
more from a good sense of spatial impression ratieer accurate imaging. On the
other hand, if the angle between the microphonagepl a more important role than
the distance in deciding the SRA, the image wowddbcurately localised but would

not necessarily be spacious.

A number of near-coincident arrays with fixed digtas and angles have been used
for many years. Arguably the near-coincident gathnique that has been most
widely used to date is the ‘ORTF (the Office dedRaliffusion — Television
Francaise) technique. As can be seeRigure 1.1Q the two cardioid microphones
are spaced 17cm apart with the lateral angle of.11The SRA based on Wittek
[2001a]’'s image assistant model is about 102° wdeetbat based on the Williams
curves [1987] is 95°. In this technique, signalsnf the two microphones are
virtually phase coherent at low frequencies whilénimal phase difference is
produced only at the highest frequencies [Streicmet Everest 1998]. Therefore,
the low frequency comb-filter effects, which terw e caused from pure spaced
techniques, are avoided and an ‘open and airy’ ¢aanproduced [Streicher and
Everest 1998]. Another popular example of neanddent techniques is the ‘NOS’
(Nederlande Omroep Stichting) technique, which wsedioid microphones with the

distance of 30cm and the lateral angle of 90°. BRA for the NOS is 82°,
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according to Wittek [2001a]’'s model.

L 17cm R

110°

Figure 1.10 Configuration of ‘ORTF’ near-coincident array

1.3 Phantom Imaging Principles for 3-2 Stereophoni ¢

Reproduction

Phantom imaging principles for 3-2 stereophonicadpction are mainly based on the
summing localisation theory of 2-0 stereophonicredpction, which was discussed
earlier. However, the psychoacoustics involvethi 3-2 stereophonic reproduction
are more complicated than those in the 2-0 onesdilne former deals with multiple
sound sources generated from five different dioectiaround the listener (sEgure
0.1). Therefore, it can be expected that each ofrihv, side and rear reproduction
segments has unique imaging characteristics. Teging characteristics of 3-2
stereophonic reproduction are an important basithfodesigns and applications of 3-

2 stereophonic microphone techniques.
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1.3.1 Frontimage localisation

Due to the addition of a centre loudspeaker in &&€eophonic reproduction, the
frontal listening area is divided into two stereoplkt segments (i.e. the left (L) —
centre (C) loudspeaker pair and the right (R) —treer{C) loudspeaker pair).
Similarly to the operation of summing localisatior2-0 stereophonic reproduction, if
coherent signals are fed into the two loudspeakense segment, the localisation of a
phantom source within the segment can be contrdiiedhe relationship between
ICTD and ICID. (This perfect separation of the tamgments in terms of phantom
imaging based on the individual interchannel retahip is virtually impossible in the
reproduction of the signals recorded using multicteh microphone techniques due to
the problem of interchannel crosstalk.) When ther ICTD or ICID, the phantom
image will be localised at +15° from the centredspeaker. Therefore, in 3-2 stereo
the range of the maximum phantom image shift besatB@. Theile [2001] suggests
that the degree of phantom image shift for a cert@iTD or ICID is decreased
linearly with decreasing loudspeaker angle. Foangple, the ICTD and ICID
required for the phantom image shifts of 10°, 26d 80° in 2-0 stereo, which were
shown inTable 1.1, will be used for the shifts of 5°, 10° and 158pectively in 3-2
stereo. This also suggests that the same SRA$ at@&eophonic microphone arrays
will still be effective even when the output signalf the arrays are reproduced from
the L - C or R — C pair. Theile’s hypothesis se¢émbe confirmed to some extent
by the results of Martiet al [1999]'s experiments that were conducted to irigast
the localisation behaviour in 3-2 stereophonic edpction in an anechoic chamber

using a speech signal, although determination ecte}CTD and ICID values for
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localisation were not the main interest of this exipent. The experiment was
designed for the subject to point to the locatiohgerceived phantom images that
were created with varying ICTDs or ICIDs for a ramdy chosen pair of adjacent
loudspeakers (L — C or R — C). The ICTD was vaietveen Oms and 2ms in
0.2ms intervals and the ICID was varied between @dB 16dB in 2dB intervals.
The resulting localisation plots are showrFigure 1.11 It can be seen that in cases
where the centre channel is attenuated or delaglative to the left or right channel
(i.e. the phantom images are expected to be lechbetween 15° and 30°), the ICIDs
and ICTDs required for the phantom image shifts5@f 10° and 15° correspond
roughly to Wittek [2000]’s or the author’s data aibed for the image shifts of 10°,
20° and 30° in the conventional 2-0 stereophonjraguction (seeTable 1.J).
However, this constant relationship does not seeappear as obvious when the left
or right channel is attenuated or delayed relatfivéhe centre channel, especially in
the case of ICTD. This might be explained by witofving hypothesis. The centre
loudspeaker is placed on the median plane, andftirera signal radiated from it will
cause no interaural time and intensity differenabdle that from the left or right
loudspeaker will naturally cause certain interawiifferences for the direction of the
loudspeaker. Therefore, when the centre chanmaltiattenuated or delayed relative
to the left or right channel at all, the positioh aentre loudspeaker itself might
become a confusing factor for creating interauitieiences that are suitable for the

operation of the summing localisation.
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Figure 1.11 Comparison between localisation characteristicstfier front images
created using ICID and those created using ICTEginkd from a subjective listening

test using a speech source [after Magtial 1999]

It can also be seen from the above plots thatdhges of localisation errors for the
images created using ICTD were generally greatan those created using ICID, and
this seems to support the dominance of coincidamtrpicrophone techniques relying
on the ICID cue over spaced pair techniques relgimghe ICTD cue with respect to
the accuracy or certainty of phantom image loctitisa It was also pointed out by
Martin et al [1999] that the comb-filter effect that would résinom three-channel

spaced pair microphone arrays would be more obwiwars that resulting from a two-

channel spaced pair array, since the relative &fckead shadowing of the centre
channel to the ears would increase the effect tdrfierence between the signals

radiated from adjacent loudspeakers.

G 34
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1.3.2 Side image localisation

For the front facing listener only one ear is tadvaach of the side loudspeaker pairs
of L-LS or R-RS, and therefore in the localisat@frside images there will be a lack
of suitable interaural differences that are reglifer the summing localisation or
precedence effect in the usual manner. In faetdifiiculty in achieving stable side

image localisation has been proven in several studi

The result of Ratliffe [1974, cited in Theile ankkifge 1977]'s experiment carried out
with a quadraphonic reproduction system showeddban small intensity differences
between the front-left and rear-left loudspeakendd cause large angular shifts, and
that the phantom sources tended to jump randomtwdssm the front and rear.
Theile and Plenge [1977] conducted a similar expenit to Ratliffe’s. They used a
pair of loudspeakers splayed at a fixed angle ¢f &t the centre of the pair was
varied laterally anti-clockwise. It was found tleat the loudspeaker pair was moved
closer to the side of the listener, the localisattarve became steeper and the degree
of uncertainty in localisation increased, as cansben inFigure 1.12 These
limitations of side image localisation were alsofioned in Martinet al [1999]'s
experiments, which were described in the previadicen. It was reported that the
certainty of phantom image localisation in the sideea of the standard 3-2
stereophonic loudspeaker arrangement {220° Rvas the worst in among all the sub-
listening areas. It was further found that therdegf uncertainty in the side image
localisation was greater with ICTD panning thanhwi€ID. Martin et al note that

side phantom images created using ICTDs suffer finoticeable comb-filter effects
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since there is little intensity difference betwdba two signals arriving at each of the

listener’s ears.

Figure 1.12 Comparison of the localisation characteristiceha phantom images
created from loudspeaker pairs having differergridtdisplacements of stereo-base
centre [after Theile and Plenge 1977]

The above findings might lead to a discussion albdhdt kind of sound source the
side listening area should be used for. It shbeldasically dependent on how much
the localisation accuracy is required for a certgpe of sound source. For example,
ambient sounds created by reflections or reveriogratould not be required to be
accurately localised; rather they might benefitnfréess precise imaging, which is
normally produced by decorrelated low frequencynaig [Griesinger 1996].

Therefore, these kinds of sounds would be suitiblee reproduced from the side pair
of loudspeakers. However, many recording engingariscularly for classical music

might favour stable localisation of phantom imades direct sound sources and

therefore such side imaging characteristics agdthenatic angular shift of phantom
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image or low degree of localisation certainty mighdke side pairs of loudspeakers
unsuitable for the reproduction of direct soundshis issue is also related to the
design and application of 3-2 stereophonic microghtechniques, which will be

discussed in the later sections.

1.3.3 Rear image localisation

Martin et al [1999] found from their experiments (describedSection 1.3.1) that
phantom images between the rear pair of loudspeakere localised more stably than
those for the front pairs. This is due to the fhett the rear pair of loudspeakers is
symmetrical across the median plane while the opadrs of loudspeakers are not
[Martin et al 1999]. This suggests that it would be acceptablese the rear region
for reproducing the phantom images of direct souatthough it is usually used for
reproducing ambient sound images. Another interggsesult obtained from their
experiments is that ICTD of only about 0.6ms waguiieed for a phantom source to
appear at fully one loudspeaker in the rear regiorhis value is approximately a half
of the ICTD required for the same effect in thevamtional 2-0 stereo. This seems
to be due to the wider angle subtended by theloeaispeakers. However, the wide
angle between the rear loudspeakers might leabetdhble in the middle’ effect, as

the images tend to pull to the loudspeakers rapiRiymsey 2001].
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1.4 3-2 Stereophonic Microphone Techniques

In recent years, a number of novel 3-2 stereophmiicophone techniques have been
proposed for surround sound recording and repramuct Their design and
operational principles are based on the princigle2-0 stereophonic microphone
techniques. However, 3-2 techniques are still pevaluated and developed as the
psychoacoustics involved in surround sound havebeeh fully investigated yet, for
example the effect of interchannel crosstalk. Théction reviews the design
concepts and operating characteristics of variots §ereophonic microphone

techniques.

1.4.1 Design concepts

Rumsey [2001] suggests a way of classifying theigdesoncepts of current
microphone techniques intended for 3-2 stereophagpecoduction, based upon the
purpose of the rear channels. According to hissifigation, there are two main
groups: those that use ‘five-channel main microghtathniques’ and those that use
‘techniques with front and rear separation’. Fohnnel main microphone
techniques consist of five microphones that arequaelatively close to one another,
forming a single array (normally a front triplettivitwo microphones further back).
Each microphone signal is routed to one of the dpedkers in 3/2 stereo
reproduction: Left (L), Centre (C), Right (R), L&Surround (LS) and Right Surround

(RS). Such microphone techniques attempt to peovidth satisfying spatial
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impression and continuous phantom imaging arouad@0Y in the horizontal plane
simultaneously with a fixed pattern of microphoracement. However, due to the
limitation of balanced phantom imaging in the siligening area, which was
discussed in Section 1.3.2, linear 3p@maging seems difficult to realise.
Furthermore, Theile [2001] points out that the togaof natural images requires
much effort because of the complicated relationdhgiween the psychoacoustic
parameters involved. For example, accurate latadis will rely on the summing
localisation and precedence effect across the waitiwo-channel stereo segments (for
example, between L & C, or R & RS in the 3/2 sterenfiguration) due to the short
distances between the microphones. The listenositipn and front-rear balance
will therefore affect the performance of the teciud [Rumsey 2001]. Furthermore,
the fixed positions and polar patterns of the framd rear microphones would result in
an inevitable compromise between the representafiaptimised directional images
and spatial impression. For example, the fropletishould be optimised not only
with respect to the recording angle of direct sofich the front but also with respect
to the balance of direct and indirect sound intgnsi conjunction with the rear
microphones [Theile 2001]. In addition, the pasitiand directivity of the rear
microphone array should not be decided exclusiVetythe characteristics of the
ambient sound, but also for the suppression ofdttect sound due to the relatively

short distance between the front and rear microgéion

‘Techniques with front and rear separation’, on tlieer hand, use a ‘frontal’ main
microphone array that is used primarily to image threct sound from the front,

together with a separate ‘rear’ microphone arragt ths intended to pick-up
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decorrelated ambient sound to supply (primarily) tear loudspeakers. Usually the
frontal microphone array is a variation of a cortiemal stereo technique or the front
triplet of a five-channel main microphone techniqu®ifferent rear microphone
arrays can be combined with different front arrdgpending on desired directional
and ambience characteristics [Theile 2001]. Tistadce between the front and the
rear arrays can vary depending on different reogrdituations. The further the rear
array is from the recorded sources, the more eggflections, the higher the
reverberant-to-direct ratio and the higher the dgnef reflections. However,
according to Theile [2001], at least 10dB suppmessif the direct sound is required in
the rear channels versus the front channels. d¢bisidered that ‘techniques with
front and rear separation’ afford recording engisgaore freedom to choose ‘front’
and ‘rear’ microphone techniques depending on #sreld characteristics of frontal
image and spatial impression than fixed five-chanma&in microphone arrays.
Moreover, they would enable the engineer to subjelgt balance the direct and
ambient sounds using artistic and technical juddgmelm this respect, microphone
techniques with front and rear separation appeletmore practical in a wider range
of recording applications. However, both groupscmmmon tend to prefer a
narrowly or widely spaced microphone configurationa coincident one since the
coincident technique does not provide a satisfyiaiyiral spatial impression due to the

lack of decorrelated low frequency phase differd@mesinger 1997].
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1.4.2 Frontal main microphone techniques

The ‘Decca tree’ technique shown fingure 1.13 has been one of the most popular
two-channel main microphone techniques. Howeueis technique also can be
adopted for three-channel purposes due to the numbenicrophones used. It
employs three widely spaced omni- directional npbranes, thus relying on the
precedence effect. The spaced pair of L and Rywsexl sufficient time difference
information and therefore provides a good sens®ménness’ [Theile 2001]. The
centre microphone provides ‘articulation’ to theaptom image [Streicher and Everest
1998] and prevents the hole in the middle, whichuldde likely to occur with the

spaced pair itself.

wg't

L G 2.5m @ R

Figure 1.13 ‘Decca tree’ configuration with three spaced omigrophones

However, the addition of the centre microphone athintensity reduction causes an
imbalance in phantom image distribution. As carséen inFigure 1.14 due to the
large spacing between the L — R pair and C, soondcss located at up te15° are

reproduced in the centre loudspeaker. Beyondatingge the phantom image rapidly
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shifts toward the left or right loudspeaker. Timeans that the Decca tree essentially
has three solid localisation areas owing to thengtiprecedence effect. Fukastaal
[1997] suggests that when this technique is usedstoround recording, cardioid
microphones should be used instead of omnis bedhesé&tter could pick up too
much ambient sound, thus causing exaggerated kjpafaession when surround

channels are added.
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Figure 1.14 Localisation curve for the Decca Tree array, cal@d using the Image
Assistant [Wittek 2001a]

Klepko [1997] proposed a three-channel near-coardidechnique (seléigure 1.15,
which consists of three microphones placed in Viith a distance of 17.5cm between
each microphone. In order to avoid a strong ceitentom image, the outer channel
employs a super-cardioid microphone, which haseemsed directivity, while the
centre channel uses a cardioid microphone. Howelespite the use of super-
cardioids, this technique suffers from a high degoé interchannel crosstalk, in that

the centre and left or right channels produce gensity difference of only 1-8dB and
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a time difference of less than 0.5ms [Theile 2001ITherefore, a huge overlap
between the recording area L-C and R-C is inewatasl can be seen kigure 1.16
The stereophonic recording angle (SRA) of thisyarsavery wide (18(] due to the
small lateral angle and this may result in a narsb@reophonic image with a usual

microphone distance from the stage.

L C R

é 17.5cm 8 17.5cm é

Figure 1.15 Near-coincident triplet with cardioid microphongsoposed by Klepko
[1997]
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Figure 1.16 Localisation curve for Klepko [1997]'s three-chahmear-coincident
array, calculated using the Image Assistant [WigeR1a]

Williams and Le Du [1999, 2000] proposed a micraphechnique aiming to achieve
balanced distribution of phantom images. This mépe is based on the design
method they called ‘critical linking’ which attenspto link the SRAs for the two

microphone pairs of L — C and C — R without overdepcan be seen Figure 1.17,
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and the combination of distance and angle betweaerophones for achieving certain
SRAs depends on the ‘Williams curves’, which wen&dduced in Section 1.2.1.
The critical linking is achieved by using eithelde@ronic offset’ or ‘microphone
position offset’. The electronic offset is achidvey varying the value of ICID or
ICTD while the microphone position offset is aclgdvby changing the physical
position of the microphones with respect to theetiamd intensity trading function.
A benefit from using the critical linking techniqus that it enables recording
engineers to create microphone arrays with vartbstences and angles sharing the
same SRA depending on the characteristics of redosbund desired. Since the
SRA is based on the time and intensity trading tion¢ a more spaced microphone

array will have a smaller angle between microphones

Critical linking point

Left limit of the SRA Right limit of the SRA

Figure 1.17 Ciritical linking of the stereophonic recording gégs (SRAS) of
microphone pair L— C and C — R [Willams and Le T®99, 2000]
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Herrmann and Henkels [1998] developed a three-alanicrophone technique they
call 'ICA-3’ (Ideal Cardioid Array) technique on eéhbasis of the critical linking
approach. The distance and angle between the phicnes are based on the
Williams curves and they can be varied dependinghenSRA desired, as shown in
Table 1.2 However, the angle between the outer microphshesld always match
the SRA. Therefore, in order to obtain the fultegul of phantom images, the array
can simply be placed so that the outer microphdaes the edges of the recording
stage and this feature might be convenient wheordetg engineers choose the SRAs
suitable for particular microphone array placement&igure 1.18 shows the
localisation curve of an ICA-3 array with the SRAI20Y According to this curve,
critical linking appears to be achieved succesgfidl this technique. However,
Theile [2001] claims that the phantom imaging foistarray is compromised by a
considerable amount of interchannel crosstalk duth¢ lack of sufficient channel
separation. For example, according to the calamatising the Image Assistant
[Wittek 2001a], when the sound source is locatethatfront of the array with 5m
distance, the intensity difference between L ands@nly 3dB greater than that
between L and R, which means that the impact ddligation by the L-R pair cannot

be neglected.
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Stereophonic Horizontal Distance Vertical distance
Recording Angle between L and R between L—R and C
10079 126cm 29cm
1209 92cm 27cm
1409 68cm 24cm
1601 49cm 21cm
1801 35cm 17.5cm

Table 1.2 Distances and angles for the microphones of the3Grray, required for
certain stereophonic recording angles (SRAs); thglea between left and right
microphones match the SRA [Herrmann and Henkel8]199

30

20

10

/

/

90 -7/5 -60 -45 -30 -15 0 15 30 45 60 75 90
Sound source angle (degrees)

-10

Phantom source angle (degrees)

-20-

-30

Figure 1.18 Localisation curve for Herrmann and Henkels [1998CA-3 array
with the SRA of 12 calculated using the Image Assistant [Wittek 3001

Having firstly raised the issue of interchannelsstalk, Theile [2001] proposed a
three-channel microphone technique called ‘OCT't{i@al Cardioid Triangle). This
technique attempts to reduce the amount of interalecrosstalk as much as possible,
particularly in the associated intensity of therestdphonic pair L-R, so that only the
pairs of L-C and R-C become effective in localigati In order to achieve this aim,
the OCT configuration, shown Figure 1.19 employs a cardioid microphone for the

centre microphone and super-cardioid microphoneshi® outer microphones. The
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outer microphones are oriented towards the sidesder to obtain maximum channel
separation and owing to this feature the associatedsity of the unwanted phantom
sources L-R is about 10dB lower compared to th#éhefvanted phantom sources L-C
or R-C. This appears to be a clear improvemeninagéhe ICA-3. The spacing

between L and C can be adjusted depending on toedieg angle. The relationship

between the recording angle and distadcealculated using the Image Assistant

[Wittek 20014a] is shown ifrigure 1.2Q

wog

Figure 1.19 ‘OCT frontal microphone array using super-cardimicrophones for L
and R and cardioid microphone for C, proposed bgil€{2001]; spacing between L
and R is adjustable depending on the stereopheadrding angle.
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Figure 1.20 Stereophonic recording angle (SRA) of the OCT yarfar various
distances between left and right microphones, tatled using the Image Assistant

[Wittek 2001a]
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Figure 1.21 Localisation curve for Theile[2001]'s OCT arraytwithe SRA of 11§
calculated using the Image Assistant [Wittek 2001a]

Despite the crosstalk optimisation, however, itnsgehat the OCT is limited in
providing a linear directional transition of pham@ources across L-C-R. As can be
seen inFigure 1.21, there is an obvious overlap between the loc&isaturves for L-

C and R-C around the centre region and this mightdmparable with the linear
transition for the ICA-3 shown iRigure 1.18 The reason for this nonlinearity is not

explained in Theile’s paper.

1.4.3 Rear microphone techniques

Theile [2001] suggests that in order to create alistec image of enveloping

atmosphere in sound recording and reproductioneaa microphone array should
employ four channels, with each pair covering esidk of the recording space. This
can be supported by Hiyan& al [2002]'s finding. They compared a number of

different loudspeakers arrangements using bandegdassise signals in order to
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investigate the number of loudspeakers requiredttier reproduction of realistic

diffused sound field. The reference arrangemens @4 loudspeakers placed at
every 18 making a circle and the number of loudspeaker disedhe reproduction

was reduced from 24 to 12, 8, 6, 5, 4, 3 and 2.e Jpatial impression created from
each arrangement was compared with the refereritavas found that at least six
loudspeakers were required to obtain spatial ingwassimilar to that created from
the reference. However, it was also found thatoatnthe same spatial impression
could be perceived with only four loudspeakers whieey were arranged at the
positions similar to those of the left, right, lefurround and right surround

loudspeakers in the standard 3-2 arrangement.

Theile [2001] proposed a four-channel rear microghtechnique called ‘IRT-Cross’.
As can be seen iRigure 1.22 this technique employs four cardioid microphones
arranged in a square. Due to the front-side facardioid microphones in the array,
interchannel crosstalk from direct sounds can becoomsiderable unless this array is
placed far enough away from the front array. Tjm&ceg between the microphones
can be decided depending on the characteristisgatfal impression desired, although
the range of 20-25cm is recommended by the aufftweife 2001]. For example, a
closer spacing will provide a more balanced distidn of enveloping sources, while
a wider spacing will provide a more diffused rewsdiion. However, extreme
spacing of either too close or too wide will cauwsdoss of envelopment’ [Theile

2001].
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Figure 1.22 ‘IRT-Cross’ configuration [Theile 2001]; the disice d is in the range
of 20cm and 25cm.

The ‘Hamasaki-Square’ [Hamasakt al 2000], shown inFigure 1.23 is another
example of four-channel technique for ambience -pigk It employs four figure-8
microphones with the side of each microphone fathmgfront in order to reduce the
amount of interchannel crosstalk from direct souadsmuch as possible. It is
suggested that the microphones LS and RS are raatémlidspeakers LS and RS
while the microphones L and R are routed to loudkpes L and R or panned between
L-LS and R-RS depending on the amount of desiredisdpnformation in the front
loudspeakers. The distance between each microphanevas originally suggested
by the authors was 1m, but later Hamasaki and Hiyf803] suggested the distance
of 2-3m from subjective investigations. They meaduinteraural cross-correlation
coefficients (IACC) for the signals recorded ustag omni-directional microphones
with various spacings in a reverberant sound faxd reported that low frequency
decorrelation required for generating the mostsBatig spatial impression was
achieved at the distance in the range of 2-3m. s @hiay is guided to be placed far
beyond the critical distance, where the intensigéglirect and reverberant sounds

become the same, and at a high position in thedampspace in order to obtain the
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maximum R/D ratio (intensity of reverberation ralatto direct sound) [Hamasakt

al 2000].

L R

| =

| = =
LS RS

Figure 1.23 ‘Hamasaki-Square’ configuration [Hamasakial 2000]; the distancd
is in the range of 2-3m.

Klepko [1997] proposed using a dummy-head binamiatophone in order to provide
a ‘continuous’ lateral spatial impression. He raf§ that the limitation of the
loudspeaker reproduction of binaural signals cauheslto acoustic crosstalk in the
conventional two-channel reproduction can be ndjumvercome when the signals
are reproduced through the rear loudspeakers LSR&d This is based on the fact
that the rear loudspeakers are placed almost aides of the listener. In such case
the listener’s head will act as a diffracting barrio high frequencies above 1kHz,
which carry the most effective HRTF cues. Kleplkparted that ‘continuous and
clear’ spatial images were perceived betwee0° and+ 90° from the listening test
using the dummy head microphone coupled with thar-neincident front triplet
introduced in the previous section. The distanewvben the front triplet and the

dummy head used for his experiment was 124cm. Mewyavith this distance the
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interchannel crosstalk from the direct sound wédl/é almost the same intensity and
short delay time (about 0.38ms). This might becenwitical problem with regard
to achieving accurate localisation of the front gmand it might be more reasonable
to place the dummy head microphone further baak filwe front array and let it face

the back in order to increase the R/D ratio.

1.4.4  Five-channel main microphone techniques

The ‘critical linking’ technique [Williams and Le @D 1999, 2000], which was

introduced in Section 1.4.2, can be applied for dlesign of a five-channel main

microphone array. The SRA for each of the fiveesiphonic recording segments is
linked without any overlap in order to enable plamtimages around the full 360°.
Similarly to the three-channel critical linking tegques, calculation of the SRA for
each stereophonic segment is based on the Willamges (see Section 1.2.1). In
the design process the SRA for the front tripledésided first depending on the
distance of the microphone array from the recorditage and then the SRA for the
rear pair LS-RS is determined as desired. Findily distance between the front
triplet and the rear pair is decided depending lom necessary SRA for the side
segments and the ‘critical linking’ between thenfrand rear segments is achieved
using suitable electronic time or intensity offseEigure 1.24 shows an example of

the critical linking five-channel array. In thisapicular example, the SRA for the
front triplet is 120 and that for both side and rear pair i$.80Williams [2003] states

that an advantage of this technique is the fleikybfbr design since the SRA of each
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segment can be decided flexibly depending on the tf recording sources, e.g. large
orchestra requiring wider front SRA and small enslenrequiring narrower SRA.
However, as Rumsey [2001] points out, it is dodkffthe Williams curves that were
derived from a front two-channel based experimemt &lso be applied correctly for
the calculation of SRA of the side or rear pairsniérophones. In fact, as discussed
in Section 1.3, the localisation of phantom imagethe side and rear listening areas

has different characteristics to that for the front
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Figure 1.24 ‘Critical linking’ five-channel microphone arrgWilliams 2003]

The ‘ICA-5’ technique developed by Herrmann and kéds [1998] consists of the
ICA-3 front triplet (see Section 1.4.2) and tworreardioid microphones, as shown in
Figure 1.25 This configuration also is designed to achidwe $RA of 360 using
the critical linking technique. Calculation of tB&®A for each stereophonic segment
is again based on the Williams curves. The prap&dRA for the front triplet is 180
and that for the side or rear pair is°60This is based on the authors’ subjective
judgment on the balanced phantom image distribuiiothe front listening area.

However, even though the wide front SRA is the edrrchoice in terms of the
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attempted 360imaging, it would be likely to cause the frontsreophonic images to

become too narrow if the array was placed at udistdnces from the recording stage.
Therefore, in order to increase the width of tlenfal stereophonic image, the array
could be placed very close to the stage, but s ¢hise the rear microphones would

suffer from a high degree of interchannel crosdiain the direct sound in the front.
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Figure 1.25 ‘ICA-5’ five-channel microphone array [HerrmanndaHenkels 1998]

The ‘OCT-Surround’ technique [Theile 2001], shownFigure 1.26 was adapted
from the ‘OCT’ three-channel technique that wasodticed in the earlier section.
As can be seen in the figure, two additional caddinicrophones are added to the

OCT front triplet for rear pick-up. This technigissoptimised in order to obtain a
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natural intensity balance between direct and imtlisounds without affecting the
frontal image localisation. The rear microphonasef backward in order to obtain
the maximum suppression of interchannel crosstalknfthe direct sound from the
front, which becomes 13-25dB for the frontal sowmdving from 0fto 459 For

this sufficient intensity reduction of the directusid, it is not crucial to increase the
delay time between the front and rear channelsil@2€01]. It is suggested by the
author that the OCT-Surround technique is mostblétfor the recording of a small
ensemble or a soloist. This seems to be becaesshirt distances between the
microphones would not result in sufficient low fuemcy decorrelation that is required

for creating satisfying spatial impression for lrgcale sources.
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Figure 1.26 ‘OCT-Surround’ five-channel main microphone arrélye distanced
varies according to the relationship showirigure 1.20
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1.4.5 Discussions on the issue of interchannel cro sstalk

There seems to be a strong disagreement betweerethgoints of Theile [2001] and
Williams [2003] concerning the significance of irtkannel crosstalk in multichannel
microphone techniques for perceived sound qualitytheile claimed that the
localisation quality would be decreased if interahel crosstalk was not reduced
enough in microphone technique design. Howevelljaiis [2003] considered the
linear attachment of SRAs for L-C and C-R (theieait linking) as a more crucial
factor for improving the localisation quality thahe suppression of interchannel
crosstalk. Both authors attempted to achieve timecd balanced phantom imaging
with their own novel concepts but it seems thabne has achieved the aim perfectly.
For example, it was shown irigure 1.18that the ICA-3 array based on Williams’
critical linking approach produced a continuous batinced localisation across L-C-
R, but the high degree of interchannel crosstalkhi@ array was claimed to be
problematic by Theile [2001]. The OCT array [Tlkee2001], on the other hand, is
optimised for interchannel crosstalk by maximisgigannel separation and therefore
the interference of unnecessary interchannel ogiship of the two-channel based
stereophonic segments other than the segmentthasired for phantom image of the
source is not considerable. Nevertheless, thisnigoe does not seem to provide a
continuous transition of phantom images aroundctral listening area since the
localisation curves for L-C and C-R slightly overléigure 1.21). This discussion
seems to suggest that the effect of interchanredstalk might not necessarily be
problematic regarding the linearity of localisaticurve, but more importantly related

to the perception of various auditory attributepateling on the interchannel time and
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intensity relationship involved in the crosstalgrsl.

Several subjective experiments were conducted topece the perceived auditory
attribute qualities of the OCT and ICA-3, and thghowed contradictory results.
Wittek [2001b] compared the performances of diffiéerieont microphone techniques.
For each microphone technique, the phantom soumegé was compared with the
monophonic source image of a single loudspeakémths placed at the same position
as the phantom image position. It was found th#t vegard to ‘image focus’ and
‘sound colour’ attributes, the phantom image creatéh the OCT was more similar
to the monophonic image than that created by the3C From this result Wittek
[2001b] suggested the superiority of the OCT teghaiin sound quality. This result
certainly shows that the OCT provides a more peetisalisation than the ICA-3.
However, it might be questioned whether the prefegeof sound quality between two
different techniques can be evaluated by the degfreimilarity between the phantom
image and the corresponding monophonic source iniageach technique. The
results of an experiment conducted by Heck anddRisk [2001, cited in Fukada
2001] are somewhat contradictory to Wittek’s resultThey evaluated the attributes
of ‘breadth’, ‘localisation’, ‘depth’, ‘transpareyicand ‘spatial impression’ of the
OCT-Surround, ICA-5, Fukada-Tree and critical limkitechniques. It was found
that there was no perceivable difference betweenQRT-Surround and INA-5 in
localisation quality. Moreover, the INA-5 was radkas the best sounding array in
overall attributes while the OCT-Surround was rahe the worst. This author also
conducted a subjective listening test to make apesison between the OCT and

critical linking techniques in the preference ofqeeved sound quality using various
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types of sound sources comprising string quarggtyssion ensemble, solo violin and
solo piano. It was found that the preference weseddent on the type of sound
source used. For instance, the ICA-3 was prefesved the OCT for the solo piano
recording while the reverse was true for the satirv. The detailed method and

results of this test are presented in Chapter 4.

The above results seem to suggest that intercharwedtalk would not necessarily be
an absolute parameter for decreasing the perceiwadd quality. However, it is
considered to be important for recording enginderde aware of the perceptual
effects of interchannel crosstalk on particularrgbguality attributes and to be able to
control the degree of interchannel crosstalk inraphone array design or application
depending on the imaging characteristics requioedhe sound source to be recorded.
To date, no experimental data have been providedhenperceived attributes of
interchannel crosstalk and their relative weightsrom direct comparisons between
different microphone techniques, it will be difflcto judge the effect of interchannel
crosstalk alone since such parameters as micropbpaeing and the amount of
reflections or reverberation will also have theffeets on the perceived sound.
Therefore, further investigations that control th&erchannel crosstalk as a single
parameter are required and this is why the expeatsnéescribed in Chapter 4 were

carried out.

Additionally, for the microphone techniques withotit and rear separation, it is
considered that the interchannel crosstalk issueast relevant to the front three

channels only since the rear microphone arraysisually placed at a distance that is
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long enough for the direct sound to be decorrelétedeflections or reverberation.
The rear channels in the five-channel main microghtechniques might suffer from
considerable crosstalk due to the relatively shiistances from the front channels.
Furthermore, such techniques seem to be less gabictigeneral applications than the
techniques with front and rear separation due éodlithitations mentioned in Section

1.4.1.

1.5 Summary

This chapter described the psychoacoustic prirgiptesolved in 2-0 and 3-2
stereophonic recording and reproduction. Firdtlg principles of phantom image
localisation and the design and operational priesipf microphone techniques for 2-
0 stereo were reviewed. Then, the unique featafe8-2 stereophonic phantom
imaging were discussed, followed by reviewing tlesign and operational principles
of recent 3-2 stereophonic microphone techniquedicptarly with regard to

interchannel crosstalk.

To summarise, the summing localisation theory ssiggthat the individual spatial cue
of interchannel time difference (ICTD) or interchahintensity difference (ICID) can

cause the phantom image to shift to particulartjprs between two loudspeakers in
2-0 stereophonic reproduction, provided the ICTIR&s than about 1.1ms. Within the
range the summing localisation operates, the ICA®DI&ID can be traded for desired

phantom image localisations. Coincident pair 2i&raphone techniques rely on the
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ICID cue while the spaced pair techniques largely on the ICTD cue. The near-
coincident microphone technique uses both cuesndiépg on the relevant trading
ratio for a certain stereophonic recording anglRAy The SRA for a microphone
array is an important parameter for providing sahaéd phantom image distribution
and creating the width of the stereophonic imagetsvéen the loudspeakers. It is
calculated depending on the trading relationshigvéen ICTD and ICID. Phantom
imaging principles for 3-2 stereophonic reproduttEwe mainly based on those for 2-
0 stereo. However, there are unique imaging cheniatics in the 3-2 stereo due to
the increased number of channels and the arrandgerhkludspeakers. In particular,
the localisation of side phantom images is typjcalhstable or inaccurate. This
characteristic becomes relevant in the designs -@f fereophonic microphone
techniques, which are divided into two groups: meghes with front and rear
separation and five-channel main microphone teclasiq For the former techniques,
the interchannel crosstalk is considered to be malsyant to the three-channel front
techniques due to the small spacings between ntioregs rather than to the rear
microphone techniques, which are normally placethér back in the recording space.
The latter techniques, on the other hand, seemifftersfrom interchannel crosstalk
more seriously since the spacings between thenfiveophones are relatively small.
However, such techniques are considered to beptassical than the other techniques
in terms of flexibility. The representative nowednt microphone techniques for 3-2
reproduction are Williams and Le Du [1999]'s ‘Cedl Linking’ and Theile [2001]'s
‘OCT’. Both techniques share the goal of accurate balanced localisation of
phantom images. The former technique attemptintfobetween the SRAs for the

two stereo-base segments L-C and C-R without qverlzereas the latter attempts to
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reduce the interchannel crosstalk as much as pessikven though there is a much
debate with regard to the significance of interctgncrosstalk between the two
authors, neither microphone technique seems toigwoideal phantom imaging
characteristics. Furthermore, the results of sdsibjective comparisons show that
there is no absolute winner. However, more impulgato date no systematic
experimental data have been provided on the perakpttributes of interchannel
crosstalk and their relative weights, which would likely to be important for
recording engineers to know in order to design apdrate microphone techniques

more appropriately for particular recording sitoas.
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2 PERCEPTUAL AND PHYSICAL EFFECTS OF
DELAYED SECONDARY SIGNALS

The nature of interchannel crosstalk in multichannel microphoagsa which takes
the form of delayed and attenuated repetitions of a primarylsgmdd be compared
well with the relationship of reflections to a direct sound doustics. For many
years the effects of reflections on the perception of audi@tinibutes have been
researched extensively in the field of room and concert hallstics. Studying the
findings of those works could be the basis for understanding thepteal effects of
interchannel crosstalk in multichannel microphone technique. Howefiection in
rooms typically has a much greater range of delay time tiia of the interchannel
crosstalk signals studied in this project. Furthermore ditection of a reflection
depends on the acoustic pattern of the environment, while thaitevchannel
crosstalk is determined by the placement of microphones, whicrigollable.
Therefore, it might be suggested that the context of concérstodies does not
directly correspond to that of this crosstalk study. However, ofodte reflection
experiments were simulated using stereophonic reproduction systearsechoic
chambers, for the purpose of controlling experimental variabligsis possible,
therefore, to derive a useful hypothesis for the perceptuatteffof interchannel
crosstalk and also to map the relationship between those e#adtsphysical

parameters.
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2.1  Perceptual Attributes of Reflection

In general, the room or concert hall research has shown thatdkence of one or
more reflections would be mainly related to the perception ifetlvategories of
auditory attributes, which are ‘localisation’, ‘spatial imies’ and ‘tone colours’ or
‘timbre’. Even though there has been a large amount of redse®nducted on
aspects of localisation and spatial impression, it seemsttihaproperties of tone
colouration have not been fully examined. In the literatures ibnly generally
explained that a change in timbre is likely to be causethdynterference between
direct sound and its reflection producing a comb filter effectcflyi when the delay
time of the reflection is in the range between 10ms and 50msofBa871, Haas
1972]. That is, since the reflection lags in phase relatiteadirect sound, there
will be cancellation at certain frequencies where the twol&0° out of phase, and
augmentation at other frequencies where the direct and thetedfleaunds arrive in
phase. Because it is a function of wave length, the condy &ffect will create
notches in portions of the frequency spectrum at regularly spaeeddls. However,
reports on the subjective effects of reflections on tone cdloorao not seem to
provide a clear answer as to which specific timbral atiebstich colouration affects.
For example, Haas [1972] reported that the addition of reflestprovides timbral
richness to the direct sound and considered this as a desf@drt, whereas Barron
[1971] regarded the tone colouration as a negative effectflgiction causing the
perceived sound to be sharp or shrill. Haas'’s finding was onlg &peech source
while Barron’s report was related to musical sources sucioks.v It is also stated

in Barron [1971]'s paper that the tone colouration effect would beqmartecularly
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dominant with broad band sources, heavy instrumentation and percussioments.

This suggests that the tone colouration effect would be depeodéhé spectral and
temporal characteristics of the sound source. More reseamwis $e be required on
this issue. Since the colouration effects have not been stuidiely or documented
in detail in the literature, this chapter will concentrateaspects of localisation and

spatial impression.

2.2 Localisation

This section covers various aspects of the precedence effieich) is a primary
influence on localisation in an acoustic environment. Firstly, dleed and upper
threshold of the precedence effect is discussed. Then the ahgfsicacteristics of
sound sources that are required to trigger the precedence effentiaveed. Finally,

the cognitive aspect of this effect is introduced.

2.2.1 Precedence Effect

The precedence effect can be described as a psychoacoustic phentiraeaoables
one to easily localise the accurate position of direct sounddfiexted environment.
The presence of reflection could be a disturbing factor foaligation. However,
when the precedence effect operates, the auditory imagbendlbnsistently localised
at the position of the direct sound regardless of the inggrder of reflection. It has

already been mentioned in Section 1.1 that when the interchannetiffierence
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between the original (direct) and delayed (reflection) signadiated from
loudspeakers arranged in the standard two-channel stereophonicuaidiy is
greater than approximately 1ms, the auditory image will be kszhiconsistently at
the position of the earlier loudspeaker, provided that both signatsdumal intensity.
This delay time is widely regarded as a lower boundary efpitecedence effect
[Blauert 1997]. As the delay time increases beyond the lower bgutidarauditory
image will be consistently localised at the earlier loudkpe until the delay time
exceeds the upper boundary. Above the upper boundary, which is typalily the
‘echo threshold’, the reflection begins to be perceived asparate sound source.
The echo threshold varies widely depending on the type of sound sodireasient
signals tend to have shorter echo thresholds than continuous sighatsexample,
the echo threshold for single clicks lies in the range betw2ms and 10ms
[Rosenzweig and Rosenblith 1950, Thurlow and Parks 1961]. The echo threshold for
noise pulses lies around 15ms [Damaske 1971]. On the other handnfiouous
speech signals it varies from 32ms [Meyer and Schodder 19&&,igiBlauert 1997]

to 50ms [Haas 1972].

It is important to note that even though only one image is percaivibe direction of
the original sound source (or the leading loudspeaker), the preeedfact is not a
total masking or elimination of reflection information. Thterature shows that it is
possible to distinguish between auditory images with and withdlectiens. For
example, it was reported by Freymeatnal [1991] that the former would have greater
loudness and spatial extent than the latter. Pestatt[1988] found that the image

created by the leading and lagging sounds tended to be extended tbe lagging
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source and eventually fill the space between both sources. HE9@T] also states
that the contribution of a delayed signal on spatial distributiecomes gradually

greater as the delay time is increased.

2.2.2 Physical parameters for the precedence effec t

Rakerd and Hartmann [1985] investigated the effect of tédlecazimuth on the
operation of the precedence effect. Their experiment wasdauiein an anechoic
chamber and a single reflecting panel was used to changeotisiacondition of the
room. Five different room conditions were simulated by placingeafiecting panel
in different positions: empty-room condition, ceiling condition, floondition and
side-wall conditions (left and right walls). It was found tlaéit five situations
produced different localisation judgments and particularlystte reflections caused
the greatest difficulty in localisation. Hartmann [1983] regéthis dependence as a
limitation of the precedence effect. This finding might bevant to the effect of
interchannel crosstalk in five-channel main microphone techniquéscan be
suggested that since crosstalk signals in the rear dsaminhe array are reproduced
through the rear loudspeakers that are placed at the sides hétémer, the rear
channel crosstalk might disturb localisation to a higher degesettie front channel

crosstalk.

The temporal characteristics of a sound source play an imporkaforehe operation

of the precedence effect. The statements that are prdseeliow explain that the
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transient element of a sound is the main factor to triggeprecedence effect, rather

than the steady-state element.

‘The precedence effect can be demonstrated best when the soumdsdmae
discontinuous or transient character. Steady tones or continuous amdnumbises
are obviously not suitable because there is no way to define prezed Clicks, on
the other hand, work quite well, and speech or piano music are reasonably

satisfactory.[Wallachet al 1949]

‘In a realistic acoustic environment steady-state sounds do notderondliable
information about the location of a sound source. Reflectors obtihelsvave have
as much influence on the waveforms present at any two points gp#oe as the
locus of the sound source. Thus transient wavefronts, espatiaitgr echoes can
be suppressed, provide the most reliable cue to the location of the sourel’§¥ost

et al1971]

Evidence supporting the above statements can be found in Rakerd dnthrita
[1986]'s report. Rakerd and Hartmann conducted a subjectiverigrgmt to

investigate the effect of onset duration on the operation of ¢igace effect in room
condition. The experiment was carried out in an anechoic room G8igz and

2,000Hz sine tones. The stimulus was radiated from a single lakdspand a
single reflection was produced using a single reflective paridie delay time of the
reflection was varied by changing the distance of the reftegdanel. The onset

duration of the stimulus was varied gradually from Oms. It slaserved that the
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precedence effect was triggered maximally when the onset was ansans. As the
duration of the onset was increased, the accuracy in locatisddoreased. The
experimenters proposed that this was due to a ‘misdirection’ effect byskteaii cues
in the steady-state sound field. The maximum onset duration #saeffective for
triggering the precedence effect was 100ms. Rakerd and &fartpresumed that
this negative effect of ongoing sound on localisation would batedk to the
‘plausibility’ of the ongoing cue. They asserted that the ongaitega(y-state) cue of
a tone would be typically unreliable for localisation iroam, based on a ‘plausibility
hypothesis’ (this will be discussed in detail in the next safti Additionally, they
found that onset rate (sound pressure level/unit time) was alstical factor for the
precedence effect; a signal with a higher peak intensityupiéronset duration gave

rise to a more accurate localisation performance.

The ‘Franssen effect’ [1960, cited in Hartmann and Rackerd 189&pood example

of the dominance of transient energy over steady-state ef@mrdgcalisation in a
room. Franssen conducted an experiment in an ordinary room with tharstan
stereophonic loudspeaker arrangement using low frequency sine(500¢tz). As
illustrated inFigure 2.1, a tone was sounded instantaneously at the left loudspeaker
and decayed steadily to silence over 30ms. During the same gexieiynal at the
right loudspeaker was increased steadily from zero to its qad then maintained at

the same intensity. It was found that the left loudspeaksrpeeceived to be still
sounding. This is due to the illusion resulting from the perseiasgs in the

instantaneous onset cue of the left signal [Hartmann 1993].
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Figure 2.1 lllustration of the conditions for the Franssen effect

It seems important to note that while the above describedtigagsns using pure
tone stimuli reported the dominance of transient sound over stéatgysound in
localisation, some investigations using more complex stimuli piegeontradictory
results. From Tobias and Zerlin [1959] and Perrott and Baarsl]'s investigations
using noise band signals, it was found that the ongoing cues became more efiective f
localisation than the onset transient cues as the duratitwe sfgnal increased. The
onset transient cues lost their effect when the total sigwnation exceeded 100ms.
As Hartmann [1993] asserts, ongoing noise cannot be called a statdgcund
becuase it has too many random fluctuations. The high-frequanztydtions can
be described as a series of small transients that causaumatetime differences
themselves, thus potentially triggering the precedence effdttis seems to suggest
that for complex musical sound sources their temporal chardicterido not
necessarily have to be discretely transient (e.g. percussiopiama) to be localised
accurately. For example, when continuous stringed instrumentcamesiglered, the
series of small transients caused by every bow or note clvemgie be likely to

contribute to the precedence effect.
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Low frequency energy was also found to play a significant irolthe precedence
effect. Yostet al[1971] measured the effect of a single transient on theidocat
sound source using headphones. Two identical transient noise sigreaisithout a
time delay and the other with some delay, were fed to thenéisd’ ears through
headphones. The signals were low-pass filtered and high-peesedilat various
frequencies and the listeners were asked to discriminatpdsitions of the source as
the filter cut-off frequency changed. The result showed bialisteners were better
able to discriminate the position of the source when the Isiprdained energies
below 1,500Hz than when frequencies below that were excluded ¢¥@dt1971].
Banks and Greef1973] repeated the experiment that had been undertaken bgtYost
al, using loudspeakers instead of headphones and obtained very ssiillés to Yost
etals The only difference was the cut-off frequency value of thk-pass filtering,
which was 2000Hz. A comparison of the results of sal and Bank and Green
gives rise to the hypothesis that ‘binaural’ precedence aak&phonic’ precedence
have very similar behaviour. Yost al [1971] explain the reason for the low
frequency significance for localisation from a physiologi¢ahdpoint; low frequency
transients vibrate more space in the cochlear partition hlggmfrequency ones and

excite more fibres, thus producing more substantial positional dispéat.

Additionally, it was found by some researchers that refleationld not have to be an
exact copy of the direct sound for triggering the precedeneeteff Zurek [1980]
found that uncorrelated white noise bursts showed the operdtithre @recedence
effect. Blauert and Divenyi [1988] also reported that the pieoee effect occured

even when the frequency bands of direct sound and reflection did natpveH was
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reported by Cliftonet al [1994] that even though reflecting surfaces in a room
absorbed low and high frequencies differentially, causing speclistbrtion,

reflections were still suppressed perceptually.

2.2.3 Cognitive processes in the precedence effect

The previous section reviewed some physical aspects of tlederece effect.
However, there is experimental evidence that the preceddeceisfnot just a ‘hard-

wired’ low-level process, but a high-level cognitive process.

Firstly, it was reported by Clifton [1987] that the precederftectewould require a
‘build-up process’. In her experiment using two loudspeakers in aohaice
chamber, it was observed that when a single burst of pure tasereproduced
followed by a lagging version of the same signal with a defag beyond its echo
threshold, the listener initially heard both clicks sepayateHowever, when the burst
pair with the same delay time was repeated for a certaiodpef time, the perception
of separate bursts halted triggering the precedence effébts means that the echo
threshold was raised gradually and the precedence effecupuiltring the ongoing
stimulation supplying increasing information about the leadingd¢tlirand lagging
(reflected) sounds [Cliftoret al 1994]. In a further investigation into the build-up
process in the precedence effect that was conducted by Cliftbirrayman [1989]
using the same experimental setup as Clifton [1987], it was fouhththdelay time

between the clicks was one of the factors that would contributetbuild-up process.
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When the delay time was shorter than 4ms, the perception ofasepaicks
disappeared in only 1-2 seconds; when the delay time wassedr¢o 5-9ms it took
5-6 seconds. From the above findings, it may be possible to deny@othesis that
the precedence effect is triggered depending on musical parfoen For instance,
for a large scale orchestra piece, the stringed instruntemtsto generate transient
information constantly at note changes or in tremolo passagebiamdight trigger a
build-up process, whereas the percussion instruments such as timparnp tbe
played occasionally and therefore there would be insufficient tomeuild up the

precedence effect.

Secondly, it was also found in Clifton [1987] that the precedeffeet could break
down depending on changes in the acoustic condition. In the experinc&rtaiins
were presented through two loudspeakers, one leading the othemby 5At the
beginning of a click train (1 click/s), the listenerdtised a single click mainly at the
leading loudspeaker. However, when the original and delaydd aliere spatially
switched half way into the click train, most listeners heavd tlicks from both
loudspeakers for a few clicks. With repeated hearings, howtherprecedence
effect built up again as described above. This means thasutiden change in
spatial location of the leading sound source caught the listesedestive attention
and broke down the normal process of the precedence effectviitea following an
instance of a re-figuration in the set of stimuli [Blauert 1997[his phenomenon is

often called the ‘Clifton effect’.
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Finally, Rakerd and Hartmann [1985] proposed the ‘plausibility hypothesisthis
supports the cognitive aspect of the precedence effect.ording to this hypothesis,
a listener evaluates the reasonability or reliability toé ITD (interaural time
difference) cue perceptually and weights it accordingly [Hantm1993]. In other
words, the human brain uses some kind of rapid decision-making priacessnd
localisation. In Rakerd and Hartmann [1985]'s experiments conduatedsingle
reflected room with a 500Hz sine tone, it was found that listeh@xsstignored the
ITDs that were unreasonably large. This means that implau$TD cues are

excluded subconsciously in the process of localisation judgment.

The importance of onset transient sound compared to ongoing stei@dgesiad in
the precedence effect can now be explained by the plausijiigthesis. It has
been discussed that transient ITD cues trigger the preceddiect in a room with
reflections [Rackerd and Hartmann 1985, 1986, Walktchl 1949, Yostet al 1971,

Zurek 1980]. The plausibility hypothesis suggests that transientsglausible as it
wins in a competition with reflections and its ITD becomes apybr detectable, but

the steady-state ongoing cue is implausible because it conflicts witheféerh

Hartmann and Rakerd [1989] point out that the steady-stateatualso be plausible
in an anechoic room. They conducted an experiment regarding the dfraffect’,
which has been described above, in a room with anechoic acoudttos.listeners’
ability to detect transitions from one loudspeaker to anotherinvastigated and it
was found that in an anechoic room, the listeners could perfistihet the transition

from the transient source to the steady-state source, and thus treefreifect failed.
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2.3 Spatial Impression

This section first defines various terminologies that arevegit to interpreting the
concept of spatial impression (SI) and introduces the diffegpanadigms of Sl
perception that have been proposed so far. Then, the objective parahateas te
used for measuring Sl are discussed in detail. Finally, semortthe subjective

preference for Sl are reviewed.

2.3.1 Conceptual properties of SI

2.3.1.1 Classification of terminologies

In the past, spatial impression was often understood as a enilional attribute and
the term was used to describe such spatial phenomena as ‘soudmnbrggdBarron
1971, Barron and Marshall 1981], ‘spaciousness’ [Blauert 1997], an@ndist
envelopment’ [Beranek 1996]. However, most research on spatialessipn
conducted after 1995 tends to agree with defining SI as a matidional
characteristic of an auditory event having two distinct sub-asmas of ‘apparent or
auditory source width’ (ASW) and ‘listener envelopment’ (LEV)rdi@ley and
Soulodre 1995, Hidakat al 1995, Morimoto 2002], although there is still a lack of
common definitions for these terms. Blauert and Lindemann [1986Barahek
[1996] used the term ‘spaciousness’ also as a generic terprisorg ASW and LEV.

Morimoto and Maekawa [1988] referred to spaciousness as ASW. egowt was
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claimed by Griesinger [1997] that ASW and spaciousness shouttistieguished
because the former should describe ‘the impression of adadyenveloping space’,
thus being possibly equated with LEV. He asserts that spacisusneavelopment
is included in Sl, and therefore ASW is a different impresfiom SI. Despite the
variety in the use of the terms that are shown above, the cstueigs will follow the

trend that assumes ASW and LEV are the properties of Sl.

2.3.1.2 Paradigms of ASW and LEV perception

ASW and LEV are described in various ways by different aasthtihough the main

concepts of the terms are broadly similar. The descripfi@n®SW include the

following:

‘The width of a sound image fused temporally and spatially wighdirect sound

image’ [Morimoto and Maekawa 1988]

‘The apparent auditory width of the sound field created by eopenig entity as

perceived by a listener in the audience area of a concert hall’ [Hed@k&995]

‘The apparent width of the sound source’ [Soulaztral 2002]

On the other hand, LEV is described as follows:
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‘The fullness of sound images around a listener’ [Morimoto and Maekawa 1988]

‘The subjective impression by a listener that (s)he isleped by the sound field, a

condition that is primarily related to the reverberant sound fielididkhet al 1995]

‘Listener’s impression of the strength and directions from whichieberberant sound

seems to arrive’ [Beranek 1996]

It can be conceptualised from the above descriptions that AS&Vsource-related
attribute whereas LEV is more of an environment-related at&rib It is generally
accepted in the literature that ASW is mainly relatedady lateral reflections, while
LEV is a property of late reflections or reverberation [KL®Y8, Barron and Marshall
1981, Bradley and Soulodre 1995, Hidataal 1995, Beranek 1996, and Okaeioal

1998]. Barron and Marshall [1981] proposed that the upper limit of disteyfor

early parts of reflections should be 80ms in their experimanspatial impression
using musical sound sources of anechoic orchestral recordings. wad$ibased on
Schubert [1966, cited in Barron and Marshall 1981]'s thresholthéoreflection to be
perceived as a separate echo for a musical signal. BradidySoulodre [1995]
conducted a similar type of experiment also with anechoic orchestadings, and
used 80ms delay time as the threshold for dividing early aacats of reflections.
Okanoet al [1998] also state that ASW is a property of reflectionsviagi within

80ms of the arrival of the direct sound, while LEV is generated byeaxlverant sound

field beginning after 80ms.
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However, Griesinger [1997] proposes a different paradigm for ewpdpithe
perception of ASW and LEV, based on complex psychoacoustics of humaiptpmrc
of sound events. He firstly separates the spatial perceptio ‘foreground’ and
‘background’ streams depending on different time divisions. Epesflections
arriving within 50ms of the direct sound are interpreted asemfound stream by the
brain while reflections or reverberation arriving at thesedreast 120ms after the end
of all foreground sound events are interpreted as a backgrineaoins Griesinger
[1997] asserts that the perception of the background stredargisly inhibited
between 50ms and 120ms because this is perceptually the mosttiveseagion for
spatial impression. According to his hypothesis, ASW is clafisifnguished from
spatial impression (SI). Here Sl describes a perception of being irtlasezhspace.
Separation between ASW and LEV is not determined by a simpediivision of the
signal, but by the relationship between the onset time of the doant and the delay
time of early reflections. That is, ASW is increased dmyyreflections arriving
during the onset time of the direct sound. Therefore, for aicelétay time of early
reflections, a source signal with a faster onset willehavsmaller ASW, while one
with a slower onset will have a greater ASW. Reflectimmving after the offset or
during the sound segments increase Sl, which can convey an impres&iBN or
spaciousness. It has to be noted that according to Griedijéland spaciousness
are considered to be similar impressions. For discretedssaurces such as speech,
the reflections in the foreground stream arriving during the soegohents or after
the end of the direct sound contribute to the perception ofy‘spdtial impression’
(ESI), while reflections in the background stream contributeh& pgerception of

‘background spatial impression’ (BSI). On the other hand, for continuous sound suc
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as a continuous part of orchestral music, neither ESI nor &6be produced. The
S| produced in this case is called ‘continuous spatial immn&sgCSl). According
to Griesinger [1997]'s descriptions, ESI is an acoustic impregbat is associated
with the direct sound in the foreground stream. It does not cdrEyinformation.
BSI is an acoustic impression of envelopment that surrounds theelistghich is
separated from the direct sound and usually created by diffusetertéon in the
background stream. Finally, CSl is an impression that isecel@ both foreground
and background streams.  Therefore, it can be understood that $déthand ESI
are properties of the foreground stream that are sourcedgehlahereas BSI is a
property of the background stream that is environment-related amdeys an
impression of LEV. In addition, CSI can be related to both samdeenvironment,

and therefore can convey both ASW and LEV information.

Although Griesinger’s foreground-background paradigm introduced abbasés on
a complex psychoacoustic model of auditory perception and it seatves tamber of
detailed subjective investigations are still required to confihe hypothesis, it
introduces a unique and valuable concept which is the separateeebesource and
environment perceptions depending on the temporal characteritibe enusical
sound source. In particular, the introduction of the additionateeaetated attribute
ESI to the conventional ASW suggests that auditory width percem#n be
multidimensional depending on the delay time of reflection ancetivelope of the
direct sound. From the viewpoint of the application of various musioahd
sources having different characteristics in the measuremgetrodived spatial effect,

this seems to be more reasonable than the previously introchétbdds that separate
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ASW and LEV by dividing the early and late parts of refted at a single value of
80ms. Even though the value of Griesinger’s paradigm is ackdgeti here, the
trend of including the ASW in the SI category will be continbetbw since it is a

more common way of classifying those attributes.

2.3.2 Objective parameters for SI measurement

Various ways in which Sl could be measured objectively l@en investigated by a
large number of researchers in the field of concert hall aceustThe objective
parameters that could be used for SI measurement mairlydénéntensity and
direction of reflection, frequency component of sound source, interatwab-c
correlation and interaural fluctuation over time. The first tave related to the
physical property of sound source, whereas the other two ateddb the binaural

relationship of ear input signals.

2.3.2.1 Intensity and direction of reflection

Barron and Marshall [1981] investigated the effect of alsiegrly lateral reflection
on the perceived spatial impression (as ASW). The experimpat@ameters
included delay time, frequency spectrum, direction and intensityhef single
reflection. They simulated sound fields in an anechoic chambeegrpducing a

monophonic direct sound and discrete reflections derived from t&lpg thachines
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through loudspeakers. The stimuli were anechoically made tra@hescordings.
They found that the greatest spatial impression was obstoweeflections arriving
from the side of the listener (azimuth angles off 9While reflections arriving from
directions in the median plane did not produce any increasaiialsinmpression. It
is interesting to compare this finding with Rakerd and Hartn{a885]'s finding,

which showed that the side reflections were the most distyfactor for localisation
accuracy. This seems to suggest a conflicting relationshnebgetlocalisation and

spatial impression.

It was also reported by Barron and Marshall that perceivedabkgatpression
increased as the ratio of reflected sound intensity to totaldsimiensity within the
80ms delay time became higher. They interpreted the detectabige of reflection
intensity as being dependent on changes in spatial impression, andthimm
established the relationship between the magnitude of spagied$sion and the ratio
of early lateral reflection to direct sound intensity, which barseen irFigure 2.2
This relationship suggests the significance of the inteasigarly ‘lateral’ reflection
on spatial impression. Based on these findings, Barron and Mapsbplbsed a
physical measure for spatial impression named ‘lateraidra¢Lf ), and the equation
is shown below.

80ms 80ms . X
Lf = r cog r where r = sound intensity

t=5ms t=0ms / = azimuth angle of reflection from the lateral gan
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between the early lateral to direct sound intensity [after Barroianshall 1981]
G

While Barron and Marshall [1981]'s investigation was limitedetrly reflections
arriving at the ears within 80ms of the direct sound, Bradley and Soulodre [19@5] we
interested in the effect of sound arriving beyond 80ms such adeeatton. They
conducted a subjective experiment using a similar method toBand Marshall’s,
with an anechoically recorded orchestral recording and simuleaelg and late
arriving sounds generated by loudspeakers in an anechoic spaceexpEngnental
variables included intensity and direction of reverberatiomatsy generated by
loudspeakers. They found that reverberant energy arrivieg &ftms produced a
sense of LEV. It was further found that the effect of revetimr on the LEV
perception had a very similar tendency to the effect of aaflgctions on ASW
perception that was shown by Barron and Marshall. That is, tigeitnde of the
perceived LEV is proportional to the intensity of lateral soumiding beyond 80ms

after the direct sound. From these findings, Bradley ando8mulproposed a
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physical measure for LEV named ‘late lateral energy ifsatt This measure is
obtained using impulse response beyond 80ms after the direct sound, aed defi

the equation shown below.

y y wherep(t) = room impulse response
LFg = % p*(t) cos’ (3)dt/ . p*(t)dt a = azimuth of angle of late reflection

from the lateral plane

2.3.2.2 Frequency components of sound source andr  eflection

A number of investigations have been carried out with resmedhd effect of
frequency component on the perceived spatial impression. Howevr, fiist
necessary to distinguish the research that considered therioygoomponent of the
sound source itself from those that dealt with the frequencypaoemt of the
reflection signal. Examples of the former include the work of iMoto and
Maekawa [1988] and Hidaket al [1995] and examples of the latter include the work
of Barron and Marshall [1981] and Blauert and Lindemann [1986]. These a

summarised and discussed in this section.

Morimoto and Maekawa [1988] investigated the subjective effectshe low
frequency components of sound sources and the interaural cross-correlafimeat
(IACC) on spaciousness (in the form of ASW), using high-pass banitgéd white
noise signals. The lower cut-off frequencies were 100, 200, 300, 400 and 510H

while the upper cut-off frequency was constantly 5300Hz. The stimate
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reproduced by three loudspeakers arranged at 0° and £22.5° in aoiam@amber,
and their IACCs were varied by manipulating the ratio of #hter frontal energy. In
order to determine the independency of the effects of frequemaganents on ASW,
the value of the IACC was kept constant while stimuli witfecent frequency ranges
were tested by the subjects. The results showed thatngedpe IACC equal,
perceived ASW increased as the lower cut-off frequency decreased below 5#tOHz, w
a particularly remarkable magnitude of increase between 1@@i€z200Hz. The
relationship between the IACC and lower cut-off frequencyt thas found by

Morimoto and Maekawa will be described in more detail in the next section.

The significance of the intensity of low frequencies for tf#@MAincrease was also
reported by Hidakat al [1995]. Based on Barron and Marshall [1981]'s ‘lateral
fraction’ theory, which was introduced above, Hida&taal investigated the effect of
increased sound intensities of orchestral music at frequesioc®s& or below 355Hz
on ASW. The result showed that increases of the intensitiéswer frequencies

caused greater increases of ASW than those at higher frequencies.

In Barron and Marshall [1981]'s subjective experiment describethénprevious
section, it was also investigated how the frequency componeraseddl|reflections
affected the perception of spatial impression in concert .haMgith the same
experimental setup as described above, stimuli that wenediliato six octave band
frequencies (125, 250, 500, 1000, 2000 and 4000Hz) were compared. It was found
that ‘source broadening’ (as increased ASW) was caused by nfidajeencies

around 1000Hz, while lower frequencies contributed to an incredsevaflopment’.
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However, it is not entirely clear from their paper what tmegant by the term
‘envelopment’ because it was described as ‘the apparenohitba source is large’
[Barron and Marshall 1981], which could also be interpreteA3M/ increase. In
fact, many writers tend to equate the envelopment perception fouthisiresearch

with ASW perception.

Blauert and Lindemann [1986] conducted an experiment to determindfebtve
frequency components of early lateral reflections for ‘spaciess’ (as spatial
impression). They simulated reflective and reverberant soululs fie an anechoic
chamber using three loudspeakers placed at 0° and +45° o@padthe listener
position. The centre loudspeaker was used for generatingigiabsound, and the
side loudspeakers for generating the delayed sounds. The sound s@ace
anechoically recorded orchestral music. A total of 12 gmgtals having different
bandwidth of delayed sounds were created for comparisons betwierent
frequency components of delayed sounds in terms of spaciousnegsiperceThe
acoustically synthesised sound fields were recorded with the dureaty placed at
the listener position, and the binaural signals were presentetthetosubjects.
According to their results, all frequency components of eaatgrdl reflection
contributed to spaciousness. Furthermore, it was reported #upteficies below
3kHz produced the ‘sense of feeling enveloped by the sound’ and ‘@dcpdegth’,
while the higher frequencies caused the ASW to be increadddwever, the
perception of listener envelopment with only a few earlyentibns seems to be
somewhat unreasonable based on the notion that the perceptidistenfer

envelopment is produced by late reflections or reverberationrrakizen early
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reflections [Hidakaet al 1995, Bradley and Soulodre 1995 and Okeinal 1998].

For the effect of the frequency component of sound source, it wasadyfound
from Morimoto and Maekawa [1988] and Hidadtal [1995]'s research that the low
frequencies caused greater increases of ASW than the Higlhqeencies. For the
effect of the frequency component of reflection, Barron and Mdisltzald Blauert
and Lindemann’s reports seem to suggest that different freqaeasidieflection signal
might produce different width increasing effects related tosthece. For example,
Barron and Marshall observed two different perceptual attritaftesvelopment and
source broadening for low and middle frequencies respectively, afthboth
attributes were described to be related to the source. sliggests that at least two
separate ‘source-related’ width attributes could be percdoredifferent frequencies.
Blauert and Lindemann also reported that all frequencies takes into account in
the perception of spatial impression. These findings might suggasidifferent
frequency components of the reflection signal would produce diffemente-related
width attributes. In fact, there is no standard way of d@agrthe perceptual effects
of ASW, and therefore it is possible that researchershestetm ASW commonly for
different source-related effects that are frequency dependeherefdre, detailed
subjective elicitation experiments are required in order maxe the effects of
frequency components of early reflections on the perceptionsiotisasource-related
width attributes, and accordingly new terminologies need to belajmd together

with clear definitions.
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2.3.2.3 Interaural cross-correlation

The above sections discussed the effects of the physical pespefrta sound source
such as intensity, direction and frequency components on theiyestcspatial
impression. This section covers the effect of the relatipnbbtween the signals
reaching the ears containing combinations of direct and reflet@ends on the
perceived spatial impression. Over the years the ‘interauwss-correlation’, which
means the similarity between sound signals arriving at eacthasabeen confirmed
by researchers as one of the important binaural paramelatesd to the magnitude of
perceived spatial impression in a concert hall. In a corftdttthe degree of
interaural cross-correlation will largely depend on #mporal and spectral patterns
of reflections. The relationship between each ear signal @ilatdd using the

‘interaural cross-correlation function” (IACF), which is de&fth in the following

equation.
t2 whereP = binaural impulse response (sound pressure)
R (t) Pr (t+7)dt L = left ear signal
IACF, () = t2 - 2 1/2 R = right ear signal
P|_2 (t)dt PR2 (t)dt t1 and t2= period of time under measurement
" tl t =time offset between the two ear signals

The value of IACF depends on the valug ofwhich varies in the same range of
maximum interaural time difference, —1ms to +1ms [Hid&kaal 1995]. The
maximum absolute value of IACF over all frequencies obtaivigdn this range of

is called the ‘interaural cross-correlation coefficient’ (B)Gand this is widely used as

a standard measure for the calculation of interaural crosdatmne The equation
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for the IACC is shown below.

IACC, =[IACF,(¢)|,,,, .for—1ms< <+1ms

MAX ’

The background for the relationship between IACC and spatialessjom can be
found from psychophysical experiments conducted into the subjectee ef the
magnitude of interaural cross-correlation on spatial attsbuteFor example,
Chernyak and Dubrovsky [1968] investigated the subjective effectdifferent
magnitudes of IACC on the perceived ‘position’ and horizontal ‘ex¢énihe auditory
event, with two wideband noise signals reproduced over headphonesrestitis
indicated that a single fused auditory event with relativehyaller extent was
perceived when the signals were perfectly correlated (IACL}. However, as the
degree of cross-correlation decreased, the extent of the guelitemt appeared to be
greater even though the position of the auditory event kept unchanged. Although itis
not clear whether this finding of consistency in the positioaudfitory event can also
be understood as highly accurate localisation, this resuthssde suggest that

localisation accuracy is not necessarily decreased by increaSivg A

Keet [1968] was the first to investigate the effect ef tagnitude of interaural cross-
correlation on the perception of spatial impression in a concért éé conducted a
subjective experiment to judge the perceived ASW of the recarditagle at various
locations in a concert hall, using a near-coincident two-channebphione technique.
The sound source was a dry orchestral recording reproducedibgl@ loudspeaker.

While the headphone and loudspeaker experiments mentioned earkdr us
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manipulation techniques for the variation of the IACC, the diffeeein the IACC
values of the recordings in Keet's experiment was likelpa caused by the different
reflection patterns encountered at each location in the hall wherenicrophones

were placed. The results of the subjective experimend wempared to the IACC
measured from the recordings of impulse response over thepgned of 50ms
(IACCs0), which were made in the same manner as those of the music signals. It was
reported as a result that the values of IACC had a censiahd linear relationship

with the subjective results. That is, the magnitude ofgdeed ASW increased as

the IACC value was lowered.

This linear relationship between a low value of IACC anehgmagnitude of ASW
was observed by other researchers in the field of conceddmlktics. In Morimoto
and Maekawa [1988]'s experiment described in section 2.2.2.2, it waseqlsrted
that keeping the lower cut-off frequency constant, the percenaghitude of ASW
increased linearly as IACC decreased, as can be sddgure 2.3 It can also be
seen from the figure that the magnitude of ASW change duesttA®C change is
constantly maintained regardless of the changes in lower fcéreguency. From
this research Morimoto and Maekawa concluded that IACC and legudéncy

contents of sound source and reflections affected ASW independently.
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Figure 2.3 Effects of IACC and lower cut-off frequency of sound on the gyeec
ASW [after Morimoto and Maekawa 1988]

While Morimoto and Maekawa’s results showed that there wastaraction between
the IACC and low frequency contents of the stimulus, it was sHowMorimoto and
lida [1995] that the effect of IACC on the perceived ASW deperaethe sound
pressure level (SPL) of stimulus. In Morimoto and lida’s subjeaxperiment that
was conducted in a simulated sound field created with three |laldsgeplaced at 0°
and +45°, an anechoically recorded orchestral sound sourceakes as a direct
sound and it was reproduced from the centre loudspeaker. A paimafated
reflection signals was fed into the side loudspeakers. The @AllACC was altered
from 0.4 to 0.9 by varying the ratio of the direct sound and reflesstand the SPL of
each stimulus with different IACC that was presented to tigests was changed
from 50dBA to 80dBA. The subjects were asked to grade the pedcAiSW of the
stimuli. The results generally indicated a similar patdrtACC effect on ASW to

those found in the above studies, in which the perceived ASW incraagbd IACC



2 Perceptual and physical effects of delayed secondary signals

decreased. It was further shown that the increase in SPLcafgobuted to the
increase of ASW. Interestingly, the change in the ASW dubadACC change at
the lowest SPL was very small while that at the highédt ®as dramatic. This
result might be related to the effect of low frequency @aist on ASW, which was
discussed in section 2.3.2.2. The equal loudness contours that weseddey
Fletcher and Munson [1933] show that with a higher SPL the erssiype relatively
more low and high frequencies compared to middle frequencies. Bastus, it
can be presumed that the increase of the SPL of stimuli inndtoi and lida’s
experiment might have led to the perception of more low fregegriban the other
frequency components, which might have been the main reason favéhall
increase of ASW due to the SPL increase. This finding alsgggests that the
loudness equalisations of stimuli will be an important issue inddgsign of a

subjective experiment investigating the perceived magnitudeatlsi;pression.

As discussed so far, it appears that there is a genesdragnt about the effect of
decreasing IACC on the increase of the perceived spatial irgareakhough most of
the experiments mentioned above were related to the asp&8Wofrather than LEV.
However, there are reports showing that this relationship ierrdigted by the
frequency range of the source signals reaching the ears. katéitlal [1995] reported
a study on the frequency bands that make IACC effective fortgualaluation of
concert halls. Based on Okaabal [1994]'s ‘equal ASW’ contours that shows the
relationship between six octave-band frequencies and the correspdddiC to
make the source perceived equally wide (as can be sddguire 2.4), Hidakaet al

considered the three octave-band frequencies of 500, 1000, and 2000Hz tebstthe
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effective for measuring IACC. The lower frequency bands wesrtuded because

the relative importance of IACC for ASW was small. The 4000Hrd was also
excluded because its intensity for a typical orchestrasic was considered to be
15dB lower than those of the 1000, and 2000Hz bands, therefore havingfiétt on

ASW [Hidakaet al 1995]. From this choice of the most sensitive frequency bands
for IACC measurement, Hidalat al proposed two objective measurements for spatial
impression, IACEs and IACGs, with each being the average of the IACCs for the
three bands. The former is measured based on the impulse refpomgims to

80ms, thus being related to ASW perception, whereas the latter is from 80ms to 750ms,

thus being associated with LEV perception.
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1994]

In addition, IACC measurement is also found to be closely cetatéhe prediction of

the subjective preference of sound quality. Ando and Kageyama [i8/&8}igated
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the relationship between the subjective preference and the odgyrof IACC of
sound. In an anechoic chamber, a speech signal was reproducdduols@eaker
placed at a central position in front of the listener. A sated reflection was
reproduced by a loudspeaker, and its direction was varied fromntjle of 19]to
1809 with intervals of 19 The listener judged preferences for the direct sound only
and the sound with the reflection of each direction, and the roagnif IACC for
each sound was measured. It was first found that the sound weftection was
always preferred to the sound without a reflection. It wethdu found that a sound
with a smaller magnitude of IACC tended to have a higher degfepreference.
According to the relationship between the IACC and the magnitud&\f discussed
earlier, this finding means that a sound having greater ASMglg to be preferred to
that having smaller ASW. In addition, the reflection angle litkvthe sound was
most preferred was found to be PO It is interesting to note that this angle
corresponds to the angles of the front-side loudspeakers instdmgard 3-2
stereophonic loudspeaker arrangement. From this, it could be sdy¢est, under
the assumption made for the current study that either lefight channel signal
generated from a frontal three-channel microphone technique bearmested
crosstalk, interchannel crosstalk might even be a positiverféar the preference of

perceived sound quality.

G

2.3.2.4 Limitation of the current IACC measurement  technique

Currently the most widely acknowledged IACC measure as dicpoe of perceived
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ASW is Hidakaet al [1995]'s IACCesthat was introduced earlier. This technique
uses a binaurally recorded impulse response as a sourcefsigmalasurement since
in this way it is possible to analyse the temporal chaiatts of sound easily.
However, the use of an impulse response is claimed to haggoasslimitation in
predicting the perceived effects accurately because aignarimmpulse signal has
different spectral and temporal characteristics to the emrglex musical signal that
is actually heard in the listening space [Griesinger 19980k2002]. Masoet al
[2004] state that it is the spectral characteristics ofsthund source as well as the
pattern of reflections that determine the interaction betwtbe direct and reflected
sound, which affect IACC measurement. Therefore, the inienabetween direct
and reflected sound resulting from a transient impulse will bell ssompared to a
more complex musical signal. In fact, Griesinger [1997] repatet the IACC
measured with a musical signal had a lower value than thattket corresponding
impulse response. Masenh al [2004] also reported that there was a great difference
between the IACC measured with an impulse response and thad witinplex and
continuous tonal signal. They suggested that the more acolijatgive judgment
of spatial impression in a concert hall using the method of |1A@@surement could
be achieved with representative source signals having abemtid temporal
characteristics similar to musical signals.

G

Another arguable aspect of Hidaka afs approach is the use of the specific time
value of 80ms for dividing the attributes of ASW and LEV. shalue seems to be
simply based on Barron and Marshall [1981]'s value, which wiggatly taken from

Schubert [1966]'s echo threshold for musical signals. Howeteavas discussed
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earlier that the value for defining the boundary between dnly and late parts of
spatial impression could be assumed to vary depending on the ectwlthragdich

also depends on the type of sound source. For example, Haas [1972]'s echo
threshold obtained for speech signal was 50ms, and many sourceshahtrartsient

clicks generally have much shorter echo thresholds comparedntmuous and
complex signals [e.g. Rosenzweig and Rosenblith 1950, Thurlow and P#kp 1
Therefore, it is debatable whether the division of a sourgeakiat 80ms would

accurately separate attributes of ASW and LEV in every case.

Mason et al [2004] developed a new IACC measurement model to overcome the
limitations of the conventional IACC measurement techniquecritesl above.
Basically, this model is designed to measures the time-var@g@ lof musical sound
source instead of the transient impulse response, making it suitable for ibategs

of both concert hall and sound reproduction. For this reason, this nwdel
considered to be useful for predicting the perceived effecitefchannel crosstalk in
multichannel microphone technique in an objective way. The detailorking

principles of this model are described in Chapter 5.

2.3.2.5 Fluctuations in interaural time and intens ity differences

Another important objective parameter for the measuremenatiak impression is

interaural fluctuation, which is based on the measurement ofmidgnitude of

variations in interaural time difference (ITD) or interal intensity difference (lID)
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over time. Unlike the conventional IACC measurement, the uneaent of
interaural fluctuations over time is applied for continuousicalisignals, thus being
more suitable to be applied to the evaluation of sound qualgpund recording and
reproduction [Mason 2002]. This suggests that interaural fluohsatover time
could be directly related to understanding the causes for theingsaffects of
interchannel crosstalk in multichannel microphone technique. ddearch that has
been conducted to investigate into the effect of ITD andflibtuations is based on
Blauert's finding of the phenomenon called ‘localisation lag’. uBta [1972]
investigated the pattern of lateralisation affected byedbfit rates of interaural
fluctuation. A continuous train of pulse signals was presetateobth ears using
headphones and the interaural time and intensity differenegedeteach channel
were altered with various rates. It was found that the edesdund images were
perceived to be moving at low rates of the fluctuation and pfienomenon
disappeared as the fluctuation rate increased. Grantham aglttm&h [1978]
further investigated the threshold of this effect using freaquemodulated noise
signals and found that the perception of movement was changhdi tof tincreased
width beyond the fluctuation rate of 20 Hz. Griesinger [1997] migestigated the
same effect with a continuous band-limited pink noise and inditia#éedhe threshold
of the localisation lag was 3 Hz. He also reported that the source was@etocbe
‘stationary’ in the presence of a ‘surround’, and this seemsiggest the effect of

interaural fluctuation on the increase of spatial impression or ASW.

Blauert and Lindemann [1986] investigated the effect of fluauoain time or

intensity difference on the perceived spaciousness (as ASWijdualy, using a
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band-limited impulsive signal. In their experiment, two simulatachd fields were
considered. They were both created from the direct impussiuad and simulated
reflections in an anechoic chamber, but one was created witbdtiost in ITD only
and the other with 1ID only. Two impulse responses were produceshdr sound
field and they were recorded with a dummy head. One of the bineBopulse
responses for the sound field with either the ITD or lIRtihation was then modified
so that the fluctuation was removed, thus having identical sigiiaboth channels.
The original and manipulated signals were finally convolvedch vah anechoic
orchestral recording. The subjects were asked to compadiffdrence in terms of
the perceived spaciousness between the original and manipulatdd sigreadphone
reproduction, and the results indicated that in the cases of both seidd the
original signals, which contained the fluctuations, were pegdeio be more spacious

(wider).

The individual effect of ITD or IID fluctuation was furthewaluated by Griesinger
[1992] although the detailed experimental method was not indicateds ipalpier.
From a subjective listening test conducted with 1/3 octave bamk rsignal
modulated with 5 Hz fluctuation in either ITD only or 1ID onlywas reported that
both the ITD and the IID fluctuations contributed to the creatiospatial impression
with each having different localisation characteristicEhat is, the latter provided a

well localised sound image while the former produced a poorly lodahsage.

The above results appear to suggest that the interaural floosizreated by the

interaction of a direct sound and reflections influence the asereof perceived
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magnitude of ASW, and this was recently confirmed by the restilesxperiments
conducted by Mason [2002] although his work was focused on the aspedD of IT
fluctuation only. In his series of subjective elicitation expents the effect of
different frequencies and magnitudes of ITD fluctuations weresiigated with both
headphones and loudspeakers using frequency modulated noise stimuli. The
perceived attributes of ITD fluctuations were analysed fromréisalts of graphical
elicitation tests. In terms of the effect of fluctuatioaguency, it was found that in
experiments with both headphones and loudspeakers the ‘localisatioafféad,
which was introduced above, was observed as the frequency ofithgafion rose.

In terms of the fluctuation magnitude it was reported thitt Wweadphone listening
mainly the perceived ‘width’, ‘depth’ and ‘height’ of the souweere increased as the
magnitude increased. On the other hand, with loudspeakerdgtehe increase of
the fluctuation magnitude was found to cause increases of pefrcewdth’ and
‘envelopment’. These results suggest that the measuremenbdfuictuation can

be successfully related to the measurement of spatial impression.

In an acoustical environment, these fluctuations are natupalgluced by the
interaction between a direct sound and reflections [Griesinger].1982 order to
explain the creation of interaural fluctuations simply, Maspd0p] simulated the
interaction of a direct sound and a single reflection in an &calgnvironment by
modelling a sound source 15 metres directly in front of a dummy & single
side wall placed 5 metres away from the lateral planeeoflummy head. It is stated
by Mason that if the direct sound in this model is a complex signal, #ractibn that

might result between the numerous frequency components of tiot alie reflected
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signals will produce changes in the interaural time and ityedsgferences of ear
input signals over time. Figure 2.5 shows the examples of ITD and IID fluctuations
that are measured in this particular model using a complexessigieal consisting of
three continuous sine tones of 480, 500, and 520 Hz [Mason 2002]. The farctuati

patterns shown in these figures are repeated in the same mannamever ti

ITD fluctuation over time 11D fluctuation over time
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Figure 2.5 Plots of the ITD and IID fluctuations over time measum@dMason’s
simulation model of an acoustical environment producing a sindectieh, with a

source signal consisting of three continuous sine tones of 480, 500, ana $&XteH
Mason 2002]

Mason [2002] indicated that the creation of these fluctuationsinflagnced by the
properties of the source signal (e.g. frequency response andty)tassivell as the
reflection pattern (e.g. delay time and direction). In the ac@lstiodel introduced
above, he found that the frequency response of the ITD fluctuation chasdbdy

altered the delay time and the direction of the reflectiorcignging the distance
between the side wall and the dummy head. However, it wasifuriticated that

despite the changes in the reflection pattern, the peak &fetipgency response of the
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fluctuation was maintained at 20 Hz, which was the frequency ofrgpaf the three
sine tones (480, 500, and 520 Hz). Furthermore, it was also found tleatvmno
linear dependency of the magnitude of the fluctuation on the tieflepattern.
These findings suggest that the properties of the sound souiea maere significant
effect on the characteristics of interaural fluctuation thaneftection pattern. From
this, Mason [2002] moved on to the measurement of interaural dhimiuusing
musical source signals, which were anechoic recordings of aagouns cello note and
a transient acoustic guitar chord. For simulating the inierabetween the source
and reflections in a room, the stimuli were convolved with the ubadaimpulse
response of a room simulation. The duration of the source tfinenonset to the
offset was 0.5 second for the cello note, and 2 seconds for the acoustic dtigare
2.6 and2.7 show the plots of the ITD and IID fluctuations over time fastnstimuli.
It can be firstly seen that the ITD fluctuations are mordasvand erratic than the
lID fluctuations for both sources. It can be also observed ttetetratic ITD
fluctuations are not generated at the onset, but during the mbfter the offset due
to the reflections. This means that the spatial impression is not tgehatdhe onset
of a sound, but at the arrivals of reflections during the note and aff$le¢ of a sound
where the reflections and reverberation have maximum energibss isTsupported
by Griesinger [1996], asserting that a great magnitude ofaspatpression is
produced in the space between the notes of a musical sound source, where the energies
of reflections are maximal and therefore the fluctuations TiD land 1ID are
particularly large.  For the cello note, the errati® [Tluctuations are generated
continuously during the note and the reverberation. Thise$ylilo be because the

ongoing variations in frequency and intensity during the lengtheohote interacted
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with reflections continuously. On the other hand, the acousttargahord has a
distinctive difference in fluctuating pattern between the @mand the reverberation.
The ITD fluctuations are relatively constant during the lengt the chord, even
thought there are some erratic fluctuations after the on3étis is likely to be

because the ringing after the transient plucking of the #cogsitar chord is

relatively constant over the length of the chord. The fludnatbecome much more
erratic in the reverberation part. These findings sugdpestthe characteristics of

interarual fluctuations are dependent on the temporal characteristisswfca.

Figure 2.6ITD and IID fluctuations for cello note [courtesy of Mason 2002]

Figure 2.7 ITD and IID fluctuations for acoustic guitar chord [courtesyMatson

2002]
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From the above findings, the interaural fluctuation can be consideeedhgsical cue
that is directly related to the properties of a complex malissource, such as
frequency response, intensity and temporal charactersttbe musical performance,
as well as the pattern of resulting reflections in an acousticabement. Therefore,
the measurement of interaural fluctuation of musical sound soorer time would
be more effective for investigating the effect of reflactin a concert hall than the
measurement of IACC using the response of a rather unmealigbulsive sound
source within a fixed time window. In fact, having claimed ttieg IACC has
limitations as an objective measure for spatial impoessireated with complex
musical source in a concert hall as mentioned in the aboverge@tiesinger [1997]
proposes that the measurement of interaural fluctuation is a more suiébgarfor a
more accurate prediction of the perceived spatial impressibarthermore, the
interaural fluctuation measure could also be suitable fouatia perceived spatial
impression in sound recording and reproduction. For example, coinciaeht
spaced pair microphone techniques will differ in perceived sowrdth due to the
different magnitudes of interaural fluctuations created by eachitpehn Coincident
techniques produce signals that are largely correlated dtéowencies and therefore
the created ITD fluctuations will be minimal. On the othardhapaced techniques
will minimise the correlation between the resulting signajgedding on the distance
between the microphones, therefore increasing the magnitud® dfuidtuations that
are created. From this, it is considered that the interflucahation over time could
be a useful measure for understanding the perceptual effdaterchannel crosstalk
that might be dependent on the interchannel relationship in multidhamrephone

technique.
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2.3.2.6 Relationship between interaural fluctuatio n measurement and

IACC measurement

Griesinger [1992] noted that the IACC would be closely rdladefluctuations in both
intensity and phase of a signal in a certain pattelhason [2002] conducted an
investigation intahe relationship between interaural cross-correlation and flimigat
in interaural time and intensity difference over time usiagous stimuli.  He firstly

analysed the effect of varying magnitude of ITD and lIDtfkation on the maximum
IACC across the range of +/- Ims. The stimulus signal sasof a pair of 500Hz
sine tones that were modulated either in frequency or ampliaidéHz. The

magnitude of ITD or IID fluctuation was varied by creating défg magnitudes of
frequency or amplitude modulation and the IACC was measured forveaiation.

The results showed that as the fluctuation in both ITD and I|IDeasad, the
maximum IACC value decreased. However, it was also foundatichange in the
IACC caused by a change in IID fluctuation was less thandduaged by a similar

change in ITD fluctuation.

From this, Mason moved on to a further investigation using mudiicalls He
compared the characteristics between the IACC variationtiorerand the fluctuation
in ITD or IID over time for the stimuli of a single cellotecand a single acoustic
guitar chord, which were shown Higure 2.6and2.7. The measurement plots of the
IACC over time for these sources are showFRigure 2.8 It can be seen in general
that for both sources the measurement of the ITD fluctuatiorore similar to the

measurement of the IACC than the measurement of the IIBuéition. Even though
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the cello source has erratic variations in both ITD and IAE(S,difficult to observe
an obvious similarity between the two in terms of the pattervagtion. On the
other hand, the acoustic guitar source appears to have mol&risesi between the
ITD fluctuation and the IACC variation in that there aexeral peaks in the region of
the early reflections and there are more erratic fluanatin the region of the late
reflections or reverberation. From these findings, Mason [2002]luded that the
frequency and envelope dependent interaural fluctuations over @mn the main
factors that affect the interaural cross-correlation sigaal. This also suggests that
frequency and envelope of a sound would be directly relatdtetavidth perception

for the sounds with secondary delayed signals.

(a) Cello (b)Arstic guitar

Figure 2.8 Plots of the reversed IACC (1-IACC) for single celmerand acoustic
guitar chord, measured for different frequency bands of the 4i@oattesy of Mason
2002]
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2.4 Discussions

Since early reflection in acoustic space and interchanneltailosa microphone
technique are commonly in the form of secondary delayed sighal$intdings from
the reflection studies that have been reviewed in this chapteconsidered to be
useful for hypothesising the kinds of attributes interchamuoasistalk would affect and

which physical cues would give rise to the perception of those attributes.

It is firstly proposed that interchannel crosstalk would be &urdisig factor for
phantom image localisation. Similarly to early reflections, hawe if the
precedence effect was triggered between the crosstalk amigdvsignals in a three
channel microphone array, interchannel crosstalk would be percgpnagked when
localising the image. It has to be noted that early reflestiin an acoustic
environment typically have much longer delay times than intar@iacrosstalk in a
microphone array. Also, for near-coincident microphone techniqueslethg time
of interchannel crosstalk is traded with its intensity. [Example, the more
coincident the microphone array is, the smaller intensity <udter delay time the
crosstalk signal will have. Therefore, even if the yldlme of the crosstalk signal
fell under the threshold for the precedence effect in highilyctdent arrays, its small
intensity might still lead to the localisation of an imagetted desired position.
However, the accuracy or easiness of localisation would depend tentperal and
spectral characteristics of sound source. Based on findingsdrétathe precedence
effect in acoustical environments, transient nature and low fineguEpmponents in a

sound source are necessary for triggering the precedence efferth continuous

G 104



2 Perceptual and physical effects of delayed secondary signals

sound as a pure tone would therefore be difficult to localise. Hrmnitt could be
predicted that interchannel crosstalk would also affect tberacy of phantom image
localisation depending on the temporal and spectral charactentice sound source.
However, since musical signals, which are most likely to besthand sources in
recordings using microphone techniques, have complex and uniquetehatias in
their spectra and envelopes, findings relating to the preceedfect obtained using
pure tones or noise signals might be applied differently ircoiméext of interchannel

crosstalk.

Secondly, it was reported by many authors that the addition dfeatien arriving
within about 80ms after the direct sound would contribute to theepgon of
apparent source width (ASW). Griesinger [1997] proposed from aetifferewpoint
that only the reflection arriving within the onset time of theaismund contributes to
the increase of ASW. No matter which paradigm is believed, it caredetad from
the above that interchannel crosstalk might contribute to thease@ the perceived
width of a phantom source image since it has a relativedll sange of delay time,
which is normally less than a few milliseconds. If thishie case, similarly to the
case of reflection effects, the perception of ASW due &réhannel crosstalk would
be affected by such physical parameters as the intensityosstalk signal and the
frequency components of sound source. IACC and ITD fluctuationst naigo
become useful parameters for measuring the source width iecceased due to
interchannel crosstalk objectively. However, because the bativeen interchannel
time and intensity differences in a crosstalk signal vally as the microphone array

configuration changes, crosstalk intensity should be takerasttount together with
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crosstalk delay time when the magnitude of crosstalk effect is evedid

Finally, it is known that certain changes in timbral charasties are caused by the
addition of reflection due to the comb-filter effect. Howeweis not entirely clear
from the literature which specific timbral attributes aféected by reflections in
which conditions. Therefore, it is difficult to make a psecprediction about the
effect of interchannel crosstalk on timbral attributes utliegnformation provided on
reflection effects. However, based on the finding that the timbaaging effect of
reflection becomes most obvious when the range of delay time-59rti® [Barron
1971, Haas 1972], it might be hypothesised that an interchannel brosgtich
would typically have a delay time in the range of a fewisailonds, would cause a

smaller degree of timbral change than a reflection.

2.5 Summary

This chapter reviewed the studies relating to the efigictelayed secondary signals
that have been conducted in the context of concert hall or reoustics for the
purpose of obtaining a useful basis for understanding the effeatteithannel
crosstalk in multichannel stereophonic recording and reproductitm.summarise,
the perceptual effects of such delayed secondary signallatedrto attributes in
three main categories comprising localisation, spatial ésgion and tone colour.
While the tone colouration effect is known to be caused bydhab filtering, there

seems to be no conclusive experimental data available about tivhimlal attributes
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are directly related to this effect. It is suggestedtiatone colouration depends on

the spectral and temporal characteristics of a sound source.

Localisation of a sound in a reflective environment owes much t@rbeedence
effect. When this effect operates, a reflection arrivindpe listener’s ears about 1ms
after the direct sound is perceptually suppressed and the gudiage is localised
constantly at the position of the direct sound. However, thiffastiee only up to
the delay time of the upper (echo) threshold, which varies depeodi the type of
sound source and the direction of reflection. Beyond the echo thdedhel
reflection is perceived as a separate source, which isy likeldisturb accurate
localisation. It is widely found that low frequency transienergy is essential for
triggering the precedence effect. The precedence effedsasfound to involve a
cognitive process of human perception and the evidence for thisdesc the
experimental findings on the build-up process, the Clifton effect angldusibility

hypothesis.

The addition of reflections is also found to increase theepexd spatial impression.
These days spatial impression (Sl) is generally acceptéttiude at least two sub-
attributes of apparent source width (ASW) and listener envelap(hEV). A great
deal of research has been carried out especially to depalameters for objective
measurement of SIl. The objective parameters that have baely inaestigated
include intensity and direction of reflection, frequency componenbwoifd source,
interarual cross-correlation coefficient (IACC) and integd fluctuation over time.

The first two are related to the physical properties of sosigreals, whereas the last
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two are related to the binaural relationship of ear inputatsgy The lateral fraction
theory suggests that perceived ASW increases as the iptemdateral reflection
increases. With regard to the effect of frequency component meiyed ASW,
reports from different researchers do not totally match asdsd@ms to be due to the
use of different sound sources or the lack of standard definitions for teogigsl It

is generally found that the perceived ASW increases whelA@E decreases or the
magnitude of interarual fluctuation increases. It is atemd that the IACC and the
interaural fluctuation are related to each other in thatldtier is the main factor

affecting the former.
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3 PERCEPTUAL ATTRIBUTES OF PHANTOM IMAGES

IN 2-0 STEREOPHONIC SOUND REPRODUCTION
G
This chapter summarises subjective experiments carrietd @xtamine the perceptual
attributes of phantom images in 2-0 stereophonic sound reproduction. e Thes
experiments were designed from the following backgrounds. As RufR66y]
suggested, the perceived auditory attributes of phantom imagegedrfrom the
interference of interchannel crosstalk signals between dfgeent microphones in
multichannel microphone arrays would be likely to depend on the oatidn of
relevant time and intensity differences between the sign#tisvas found from the
studies related to the localisation of phantom images inogteosic reproduction,
which were discussed in Chapter 1, that images created wihinqerchannel time
difference (ICTD) would be less easily or accurately Isealithan those with pure
interchannel intensity difference (ICID) in general (i.paced pair microphone
techniques vs. coincident pair microphone techniques). To date, hptireve seem
to be no conclusive experimental results, of which the autrewase, which describe
the specific kinds of attributes that can be perceived fraregphonic phantom
images created with certain ICTD and ICID relationshipgdeither is it clear how
such attributes might be weighted perceptually. Therefore, oildv be first
necessary to understand the effect of ICTD and ICID on the piencey relevant
attributes in two-channel format prior to the investigation adrogtiannel crosstalk in
multichannel format. Furthermore, research conducted to inviestiga perceptual
effects of reflections, which was covered in Chapter 2, hggested that the spectral

and temporal characteristics of sound sources would be sighifioaraccurate
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localisation and perceived source width. From this, it becdsoeoé interest to see
how different types of sound sources affect the perception of grhaimhages in
stereophonic reproduction. In this study, the perceptual effe¢ctedCTD - ICID
relationship and the type of sound source were investigated dbypazing
stereophonic phantom source images with referential monophonicespwrhich

were intended to be localised at the same position as the steredptemes.

From the above backgrounds, the following research questions @remaldted for

investigation.

What are the perceptual attributes of 2-0 stereophonic phantom images?
Are the perceptions of these attributes significantlyuirited by the type of
panning method and the type of sound source?

Do any of these attributes have correlations?

3.1 Experimental Hypotheses

In Section 2.2.1, it was mentioned that the auditory image creatdtehjyrecedence
effect, which operates in the perception of an original (fiemund and its delayed
(reflected) sound, would be perceived to be more spacious compdnetl cceated by
the original sound alone [Freyman al 1991, Perrotet al 1988]. It was also stated
by Blauert [1997] that the degree of such spatial distribution weddme greater as

the delay time increased. It was discussed in Chapter 2thbamagnitude of
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perceived spatial impression could be determined by such objective measiftf€€a
and ITD fluctuations over time. As Mason [2002] states, in thetegb of
stereophonic sound recording and reproduction, the magnitude of iateraur
fluctuations over time for the reproduced signals arriving at éles could be
determined by the combination ratio of ICTD and ICID. Furthermdre,cbmb-
filter effect for the stereophonic signals, which would be likely teseacertain timbral
differences between the stereophonic and monophonic images, mighteinel@fepon

the time and intensity relationship between the signals #irisea function of phase
between two signals. From these, it was hypothesised that ttedveer differences
between stereophonic phantom source image and monophonic source would be
perceived in both spatial and timbral attributes, and the magsitodethose
differences would significantly vary depending on the combinatioo citiCTD and

ICID in the panning method used.

In addition, the temporal characteristics of the sound source bbesre found to be
significant for accurate localisation in the literatureieesed in Section 2.2.2. It was
discussed in Section 2.3.2.2 that in the presence of reflection thgraspe
characteristics of sound source would be important for the pencegtsource width.
The spectral characteristics of the sound source would alstosely related to the
timbre of the source. Therefore, it was predicted that theepigoas of phantom
image attributes would be significantly affected by the peral and spectral

characteristics of the sound sources used in the current experiments.
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3.2 Experimental Design

3.2.1 General methodology

This investigation was inspired by the Quantitative Desgdpfnalysis (QDA)
method, which was originally developed for the evaluation of sersmputes of
products. The original QDA basically consists of threeestaglicitation, grouping
analysis and grading [Bech 1999]. Firstly, a group of qualified subjectsesmenped
with stimuli and generate descriptive terms for the attebwtf the product through
discussion. Secondly, the elicited terms are grouped intonided number of
attributes through discussion based on the similarity of meankigally, the stimuli
are graded using the obtained scales. This method icybarly suitable for
investigating undeveloped areas in that the subjects arelgdtivolved in choosing
the relevant attributes to be graded. As Kjeldsen [1998] arg Bnd Rumsey
[1999] point out, the use of ‘provided’ attribute scales has rafigignt limitation in
this kind of sound quality evaluation in that the subjects would be restricted to respond
only in the experimenter's own terms even if they found othewaelt attributes for
evaluation. To make this investigation more effective in $eoftime, the original
QDA was modified. Instead of undertaking the grouping analysib ali the
subjects involved in the discussion, the elicited terms weeepirgted and grouped by
the experimenter through informal discussions with individual stdbjen the
meanings of the terms they used. Therefore, the whole investigation abp$iste

subjective experiments, namely elicitation and grading phases.
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3.2.2 Creation of stimuli

For the experiments three types of sound source were chosen, SSogmiano
‘staccato’ note of C3f§ = 130 Hz), trumpet ‘sustain’ note of B flatfd € 228 Hz) and
male speech dialogu¢ The piano and trumpet sources were chosen in order to
examine the perceived effects that might change depending orffdrerditemporal
characteristics of musical instruments, i.e. transient amdincmus characteristics
(staccato vs. sustain). The short term extracted wavdfmrmach sound source is

shown inFigure 3.1

(a) Transient piano note

(b) Continuous trumpet note
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(c) Continuous male speech dialogue

Figure 3.1 Short term extracts of waveforms for each sound sdbrGe

Single notes of those sources were used instead of mugitaite in order to limit
the variables strictly within the experimental scope. pia®o source was recorded
using a single cardioid microphone placed about 30cm over the dranfor the
desired note. The piano was completely covered with thidk ahoorder to reduce
unwanted acoustic effects as much as possible. The trumpetssauaeerecorded
in a small overdub booth of Studio 3 of the University of Sureesing a single
cardioid microphone placed about 1m away from the instrument. Tloedireg
space was acoustically isolated, had a very low reverberaime and was almost
anechoic. In order to investigate the continuous nature of whgpét strictly, the
onset and offset transients of the trumpet source were renbgviadiing in and out
the beginning and ending for one second each, making the total duvitibwe
stimulus four seconds. The speech signal was chosen because icdrabination
of both transient and continuous characteristics as well ddearange of frequencies.
The speech recording used was Danish male speech that was anechcmalbdréor
Bang and Olufsen’s Archimedes project [Hansen and Munch 1991]. tiéxddiy,

each sound source differs in spectral characteristics, as can be Bigmars8.2
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(a) Piano note C3

(b) Trumpet note B3

(c) Male speech dialogue

Figure 3.2 Long-term averaged frequency spectrum of each sound source
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For each sound source, one monophonic stimulus and three stereophonioastieul
created using three different panning methods of time, inteasiya combination of
the two. The loudness of the stereophonic stimuli was natgeadter than that of
the monophonic ones simply due to the number of loudspeakers used. rEhaénefo
order to enable the subject to judge differences other thmimnéss, the peak sound
pressure levels of all stimuli were calibrated at 75dBA.onfan informal test that
had been conducted before the main experiments, it was recognisttetbhoice of
panning angle had a very small effect on the perceived attsibuHowever, the test
angle was fixed at 20since this angle was considered to provide a reasonably
balanced combination of ICTD and ICID. The interchannel time arghsity
differences required for localising the sound image atviéfre calculated based on a
combination function developed by the author using the psychoacouktés \that
were obtained from a localisation experiment conducted using the same tgpesaf
sources. The details of the localisation experiment and theopeveht of the
combination function are described in Appendix A. The composition oftebie

stimuli is shown infable 3.1

Time Combination Intensity
Panning panning panning
Speech
Piano 0.5ms 0.25ms + 4dB 8dB
Trumpet

Table 3.1 Composition of the test stimuli, showing interchannel time arehsity
differences: a total of nine stimuli were produced using trdiferent panning
methods
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3.2.3 Physical setup

The experiment was conducted in an ITU-R [1994] BS.1116-compligenilig) room
at the University of Surrey. The physical setup of theriatg room is shown in
Figure 3.3 Two Genelec 1032A loudspeakers L and R were set up’ dtd@0 the
listening position and 3m apart. The reference loudspeakeplaesd at the 20
position so that its auditory image would appear at the sanzs @milar as possible)
direction as that of the phantom image created by L and R. Anstazdly
transparent curtain was used in order to hide the natuteecéxperiment from the

listener.

Figure 3.3 Physical setup of the listening room

3.2.4 Subjects

A total of eight subjects participated in the test. All evexperienced in spatial
listening, being selected from staff members, doctoral studamds final year

undergraduate students on the University of Surrey’'s Tonmeistarse. For a
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subjective experiment such as a preference test, anargber of naive subjects are
often used. However, this was considered to be unsuitable for utrentc
experiments since the nature of the listening test requirgdcssibcritical listening
skills to discriminate subtle differences between stimuli tietdefore naive subjects

would be likely to provide inconsistent data.

3.3 Experiment Part 1: Elicitation of Perceptual A  ttributes

3.3.1 Listening test method

This experiment was designed such that the subjects were mgravittetwo sound
stimuli ‘A and ‘B’ and asked to complete a statement wmités ‘Stimulus B is
compared to stimulus A, using their own descriptive terms.e @tntrol interface
was designed using Cycling 74's MAX-MSP software as showrrigure 3.4
There were a total of nine trials and their presentation avdsrrandomised for each
subject. In every trial, stimulus ‘B’ represented the sigenic stimulus and
stimulus ‘A’ was the corresponding monophonic stimulus. The stereopsignials
of stimulus A were fed into the loudspeakers L and R whilertbeophonic signal of
stimulus B was fed into the reference loudspeaker. The sisnpalir of A and B was
synchronised and looped so that the subjects were able to switedkehdhem freely
and to listen repeatedly. The subjects were allowed to sgentieh time as they
wanted in order to find all the audible differences. The natifréise stimuli were

veiled to the listener.
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How does B appear compared to A?

Figure 3.4 Layout of the control interface used for comparing mono drahtpm
images

3.3.2 Results and discussions

A number of descriptive terms were elicited from the subjacid the interpretation
and grouping analysis of the terms were carried out by theorautlth informal
discussions with the individual subjects on the meanings of saoiear terms. The
results are summarised Tiables 3.2and3.3.  Firstly it was possible to separate the
terms into two broad groups: spatial and timbral attributes. ftieidual terms
were then separated into six sub-groups based on the simitantganing: source
focus, source width, source distance, brightness, hardness andssulin&he
definitions given for these attributes are listedaible 3.4 The number in brackets
that can be seen ifables 3.2and3.3 represents the number of occurrences for each
specific term. It is interesting to see from the tablesdlkary sound source had the
same types of perceived spatial and timbral attributes. eMeny for the spatial

attributes, it appears that the total number of occurrencesafth attribute varies
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depending on the type of sound source. For example, for the trumpe¢ soere
was just one observation of the source width attribute wheoeagpéech and piano
there were six or seven observations. This might be becaesendnophonic
trumpet image was perceived to be fairly wide originallgkimg it difficult for the
subjects to detect a difference from the stereophonic imagése source distance
attribute appears to be the least dominant spatial attribgtenieral. For the timbral
attributes, on the other hand, it appears that there is no obviousl swurce
dependency for any of attributes. It is also seen that tegdeethe least salient

attribute.

The spatial differences are likely to be due to the aiffee in the degree of interaural
cross-correlation or fluctuation in interaural time and intgnsiifferences. In
Chapter 2 it was explained that the addition of one or morectefhs would decrease
the degree of interaural cross-correlation or increaseofhfitictuations in ITD and
[ID, leading to increased spatial impression.  Similarly, &grele of interarual cross-
correlation for sounds radiated from two loudspeakers with a certéénedife in time
and intensity would be likely to be higher than that for a sound faosingle
loudspeaker. The explanation of timbral differences also semiine found in the
reflection studies. It was mentioned in Chapter 2 that thefené&ice between a
direct sound and its delayed reflection produces a comb-fifieste Similarly, the
summation of leading and lagging sounds in stereophonic reprodistlikely to
cause comb-filtering when the ICTD and ICID are transmitedhe ears with

acoustic crosstalk.
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Spatial Attributes

Sound source Group Descriptive terms

Less localised (4)
Less focused (2)

Source focus Less present (1)
Less stable (1)
SPEECH Less Coherent (1)
Source width Wider (7)
Source distance More distant (1)

Further away (1)

Harder to locate (2)
Source focus Less defined (2)
Less focused (1)

Source width Wider (6)
PIANO More distant (1)
Source distance Closer (1)

More reverberant (2)

Harder to locate (2)
Source focus Less focused (2)
Less solid (1)
TRUMPET More diffused (1)
Source width Wider (1)

More distant (1)
Source distance Further away (1)
Closer (1)

Table 3.2 Summary of spatial attributes drawn from the elicited desocgiptinms
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Sound source

Timbral Attributes

Group

Descriptive terms

SPEECH

Brightness

Less bright (2)
More cloudy (1)
Duller (1)
Muddier (1)
Less breathy (1)

Hardness

Softer (1)

Fullness

Fuller (1)
Bassier (1)
Less bassy (1)
Less body (1)

PIANO

Brightness

Brighter (1)
Duller (2)
Less dark (1)
Less bright (1)
Less toppy (1)
Less harsh (1)

Hardness

Softer (1)
Less attack (2)

Fullness

Less bassy (1)
Less punch (1)
Bassier (1)
Fuller (1)

TRUMPET

Brightness

Brighter (3)
Duller (2)

More present (1)
More nasal (1)

Hardness

Stronger (1)
Harsher (1)

Fullness

Fuller (1)
Less bassy (2)

Table 3.3 Summary of timbral attributes drawn from the elicited descrigguas
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Source focus The easiness of localisation of a sound source
i.e. How easy is it to pinpoint the apparent location of a sourcg?

Source width The perceived width of a sound source itself
i.e. Is one source perceived to be wider than the other?

Source distance | The perceived distance from the listener to a sound source
i.e. Can the sources be discriminated in terms of their distances?

Brightness The timbral characteristics of a sound depending on the level of
high frequencies i.e. bright / dull

Hardness The timbral characteristics of a sound depending on the level of
mid-high frequencies (typically in the range of 2 — 4kHgkg.
hard / soft

Fullness The timbral characteristics of a sound depending on the level of
low frequencies i.e. full / thin

Table 3.4 Definitions of the attributes that were grouped from theteticsubjective
terms

3.4 Experiment Part 2. Grading of the Magnitude of Perceptual

Effect

3.4.1 Listening test method

Based on the attributes that were derived from the previous imeoty the
magnitudes of the perceived differences between the stereoplamuic the
monophonic stimuli were graded. The listening test was designdthséot each
sound source type the subjects compared each of the three stereophonicreatedi
using three different panning methods with the reference monophanidui The
control interface used for this test is shownFigure 3.5 In order to obtain

sufficient data for statistical analysis, the trial fack type of sound source was
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repeated twice with the order of stimulus presentation ranédmisTherefore, there
were six trials to be tested in total. For each triaktiigiects were asked to grade the
magnitudes of the perceived differences between the monophonic stirfefusnd
each stereophonic stimulus A, B and C on an 11-point continuous gradiegf@t

each attribute, labelled from -5 to 5.

Figure 3.5 Layout of the control interface used in the grading test

The choice of scale type was influenced by the following censimns. It was
thought that using a semantic differential scale with woltiklta would not be
appropriate for this experiment for the following two reasortsrstly, the potentially
nonlinear nature of the scale would not be ideal for parametiiststal analysis.
Secondly, the meanings of the labels might be differently ireexg by different
subjects. This is likely to be particularly true for attribute such as source width
because it would be difficult for subjects to define the nmmgmiof such labels as
‘much wider’ and ‘slightly wider’ in the same way. With ghin mind, using a
continuous grading scale was considered to be a more appropetitednsince the
data would be potentially more reliable for parametric stiatil analysis due to the

linearity of the scale, although the data would need to be noeddisfore statistical
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analysis. However, using a pure continuous grading scale wigmutabels, the
subjects might have difficulties in maintaining consistentyeisting through many
trials individually. Therefore, numerical labels were added tlassical continuous

rating scale as guidelines for helping subject consistéh¢y. G

This type of subjective experiment, for investigating fine gpneal differences,
would typically carry a risk of psychological errors [Stone &kl 1993]. The list
of such errors and their descriptions are present@ale 3.5 In order to avoid
contrast, convergence and anticipation errors, the presentatiom ofdehe

stereophonic stimuli was randomised for each trial, and th#teotrial was also
arranged differently for each subject. Prior to the gradinghef rhagnitude of
perceived difference against the reference stimulus, thiectsibwere instructed to
familiarise themselves with the differences between dieeeophonic stimuli first.

This was in order to avoid central tendency and time-order errors.
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Psychological error | Description

Central tendency errarSubjects tend to use the midrange of a scale, avoiding the
extremes, especially when they are unfamiliar with |the
stimuli or a test method.

Time-order error Subjects tend to give the first productghéri score than
expected.
Contrast error The difference between two stimuli is exatgkra

occurring when a ‘smaller’ stimulus is followed by a ‘larger
stimulus, and vice versa.

Convergence error The difference between stimuli is undewrgstiinoccurring
when a few relatively small stimuli are compared with a
distinctively larger stimulus.

Anticipation error Occurs when the subjects can anticipate ptiteern of
systematic changes in a series of stimuli.

Logical error Occurs when the subjects are not precisehuatett. The
subject follows a logical but self-determined process in
evaluating stimuli.

Proximity error Adjacent characteristics tend to be rated rsiondar than
those that are farther apart. Thus the correlations betwee

adjacent pairs may be higher.

Table 3.5 Potential psychological errors to be considered in subjelisiteming test
and their descriptions, based on Stone and Sidel [1993]

3.4.2 Statistical analysis

The grading experiment was designed so that all conditions tested within the
same group of subjects. Therefore, a repeated measure ANOVARRDVA) test

was performed for statistical analysis of the data obtained fromadengrexperiment.
The independent variables were the panning method and the sound, smd the

dependent variable was the grading data. Because of the obtbeescale used, it
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was predicted that each subject would use a different rangbeeogcale. This
problem of subject variability in use of the scale might cénaecurate results from
statistical analysis. Therefore, the original data wemenalised based on the ITU-R

BS.1116 Recommendation [1994] and the equation used for this is shown below.

Zi = Xi =Xsi+ Xs where Z = normalised results
Xi = score of subjedt
Xsi = mean score of subjeicin sessiors

Xs = mean score of all subjects in sesson

There were a total of 144 observations, consisting of 16 observatioeadh of the 9
‘sound source type—panning method’ combinations obtained from 8 subjd@tis
result of the RM ANOVA test for each attribute is preseérntethe following sections.
In the presentation of the results, each independent varglbéned ‘source’ and
‘panning’ for convenience. In order to interpret the resulthefRM ANOVA test
correctly, it was necessary to examine the ‘assumption ofispyielequal variances
of the differences between conditions) by using Mauchly’s déstphericity. GAR
insignificant statistic of Mauchly’s tesp£0.05) means that the variances of the data
for each condition compared are not significantly different, andttreuassumption of
sphericity is met. In this case, the ‘sphericity assumegdifstance value should be
used as a result of the RM ANOVA. However, if Mauchly&st statistic is
significant £<0.05), the assumption of sphericity is violated and one of thectedre
significance values should be used instead of the sphericitypnadsone. The result

of Mauchly’s test for each attribute is presented in the followintjosec
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3.4.3 Results

3.4.3.1 Source focus

Table 3.6 shows the results of the RM ANOVA test for the grading dditained for
the ‘source focus’ attribute. The significance vapudor each condition ‘sound
source’ and ‘panning method’ was determined according to the resiauchly’s
test of sphericity presented ifable 3.7, as explained in the above section. The
results indicate that both sound sourpe=(0.013) and panning methog £ 0.000)
had highly significant effects on source focus difference betle stereophonic and
monophonic images. The experimental effect size, which can beagsti from the
Partial Eta Squared value, was greater for panning method (aGi&®)or sound
source (0.129). With respect to the interaction between eetdr, fd is shown that

the effect was also significart € 0.016).
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Table 3.6 Result table of repeated measure ANOVA test for tha datained for
‘source focus’ difference between stereophonic and monophonic stimuli
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Table 3.7 Result table of Mauchly’s test of sphericity for ttata obtained for

‘source focus’ difference between stereophonic and monophonic stimuli

Figure 3.6 shows the mean values and 95% confidence intervals for each sound
source and each panning method. It initially shows that the stereopmages for
every sound source and panning method were perceived to be ‘lessdfdbas the
monophonic image. From the plots of sound source, it can be sedhetlsgieech
source had the greatest effect, followed by piano and trumpetesaarorder. It can
also be seen from the plots of panning method that pure time pacensgd the
greatest difference and pure intensity panning the smallistedice. In addition,
the magnitude of difference appears to decrease almostyiasahe panning method
moves from time to intensity. Table 3.8presents the results of pairwise comparisons
between each sound source and between each panning method. Fromuhes# res
can be confirmed that the significance of the sound soureet effas caused by the

significant difference between speech and trumpetd.010).
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Table 3.8 Result tables of pairwise comparisons between each sound smace
between each panning method for ‘source focus’ attribute
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Figure 3.6 Mean values and the associated 95% confidence inteffvide grading

data of ‘source focus’ difference between stereophonic and moncpsiomuli by
sound source and panning method
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Figure 3.7 Interaction between panning method and sound source for source focus
attribute

Plots of the source*panning interaction are showrigure 3.7. In order to examine
the significance of the sound source effect for each panning method shdwerplots,
a paired samples T-test was carried out. The results simolable 3.9indicate that
for time panning the effect of the speech source was significguetater compared to

that of the piano or trumpet source. The effects of the piantramget sources did
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not have any significant difference for the time panning. Forbauation panning,
there was no significant difference between any sound sourcesnsitgtpanning
gave rise to a significant difference between the piano soand the speech or

trumpet source, while the difference between the speech angetrisnurces was

insignificant.
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Table 3.9 Result table of paired samples T-test carried out fomtieeaction effect
of sound source and panning method for source focus attribute

3.4.3.2 Source width

The results of the RM ANOVA test for the grading data obtained for thecsovidth’
attribute are shown ifiable 3.1Q and the results of Mauchly’s test of sphericity are
shown inTable 3.11 The results indicate that the effects of sound soyree((009)

and panning methog & 0.000) on the source width difference between stereophonic
and monophonic images were highly significant, although panning method had a
greater experimental effect (Partial Eta Squared val@742) than sound source

(0.138). The source*panning interaction is shown to be insignificant.
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Table 3.10 Result table of repeated measure ANOVA test for tha datained for
‘source width’ difference between stereophonic and monophonic stimuli
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Table 3.11 Result table of Mauchly’s test of sphericity for the dakaained for
‘source width’ difference between stereophonic and monophonic stimuli

Figure 3.8 presents the mean values and 95% confidence intervals forseantd
source and each panning method. It can be firstly seen thaethephonic images
were perceived to be ‘wider’ than the monophonic image for es@umpd source and
panning method. Similarly to the results for the ‘source focuhate shown above,
the speech source appears to have the greatest effect and titenpmallest effect.
Also the magnitude of effect appears to increase linearly as the panning metresd m
from intensity to time. From the results of pairwise comparisonsdegtwach sound
source shown iffable 3.12 it can be observed that the difference in the speech and
piano pair was insignificant while that in the other pawess significant. It can be

also observed that every pair of panning methods had a significantruiffere
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Figure 3.8 Mean values and the associated 95% confidence inteffvide grading
data of ‘source width’ difference between stereophonic and monopktmali by
sound source and panning method
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Table 3.12 Result tables of pairwise comparisons between each sound sogrce

between each panning method for ‘source width’ attribute

3.4.3.3 Source distance

Table 3.13showsthe results of the RM ANOVA test for the grading data olgdifor

the ‘source distance’ attribute, amdble 3.14shows the results of Mauchly’s test of
sphericity. There was no significant effect for eitheursl sourcep = 0.510) or
panning methodp(= 0.417) and the source*panning interaction effect is also shown to

be insignificant jf = 0.532).
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Table 3.13 Result table of repeated measure ANOVA test for tha datained for
‘source distance’ difference between stereophonic and monophonic stimuli
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Table 3.14 Result table of Mauchly's test of sphericity for the daldained for
‘source distance’ difference between stereophonic and monophonic stimuli

Figure 3.9 shows the mean values and 95% confidence intervals for each sound
source and each panning method. From the plots the magnitudes diette eff

both panning method and sound source do not appear to be considerableh atteoug
stereophonic images appear to be ‘more distant’ than the monophomge imall
conditions. It is also indicated that none of the panning methods haélcaigni

differences between each other.
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Figure 3.9 Mean values and the associated 95% confidence inteffvide grading

data of ‘source distance’ difference between stereophonic and monogtionili by
sound source and panning method

3.4.3.4 Brightness

The results of the RM ANOVA test for the grading data obthiioe the ‘brightness’
attribute are shown ifiable 3.15 and the results of Mauchly’s test of sphericity are
shown inTable 3.16 The results indicate that sound sourpe=(0.007) had a
significant effect on the difference in brightness attribukglevpanning method did
not (p = 0.419). However, the estimated effect size of sound sourcerafipeae

small (Partial Eta Squared value = 0.289). The source*pannimgctien effect is

shown to be insignificanp(= 0.667).
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Table 3.15 Result table of repeated measure ANOVA test for tha datained for
‘brightness’ difference between stereophonic and monophonic stimuli
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Table 3.16 Result table of Mauchly’s test of sphericity for the daldained for
‘brightness’ difference between stereophonic and monophonic stimuli

The mean values and 95% confidence intervals for each sound smdceach
panning method are shown KFigure 3.1Q It can be seen that even though the
stereophonic images were graded to be ‘duller’ than the monophonicimggeeral,
the magnitudes of the grading differences appear to be negligithe results of
pairwise comparisons between each sound source shohabl@ 3.17 indicate that
the significant differences occurred between speech and pianbeamden trumpet

and piano, which means that the significance of the sound seffecewas caused by

the piano source.
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Figure 3.10 Mean values and the associated 95% confidence intervalsgritliag
data of ‘brightness’ difference between stereophonic and monophomialisby
sound source and panning method
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Table 3.17 Result tables of pairwise comparisons between each sound soarce

between each panning method for ‘brightness’ attribute

3.4.3.5 Hardness

The results of the RM ANOVA test for the grading dataaoigd for ‘hardness’
ashown inTable 3.19 Similarly to the results for the ‘brightness’ ditrie, the
difference between sound sources is found to be signifipant .000) while that
between panning methods is npt< 0.210). However, the estimated effect size of
sound source appears to be fairly small (Partial Eta Squated = 0.240). The

source*panning interaction effect is shown to be insignifigant @.257).
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Table 3.18 Result table of repeated measure ANOVA test for tha datained for
‘hardness’ difference between stereophonic and monophonic stimuli
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Table 3.19 Result table of Mauchly's test of sphericity for the daldained for
‘hardness’ difference between stereophonic and monophonic stimuli

Figure 3.11 shows the mean values and 95% confidence intervals for each sound
source and each panning method. It appears that the stereophorgs iwerg

graded to be ‘softer’ than the monophonic image, but the magnitudes of the
differences appear to be very small. Similarly to the bmiggd attribute, significant
differences appear to have occurred between speech and pianetaedrbtrumpet

and piano as shown able 3.2Q suggesting the dominant effect of piano source.
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Figure 3.11 Mean values and the associated 95% confidence intervalsgrftliag
data of ‘hardness’ difference between stereophonic and monophoniti siynsound
source and panning method
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Table 3.20 Result tables of pairwise comparisons between each sound smarce
between each panning method for ‘hardness’ attribute

3.4.3.6 Fullness

Table 3.21showsthe results of the RM ANOVA test for the grading data oldifor
‘fullness’ attribute andlable 3.22shows the results of Mauchly’s test of sphericity.
The results indicate that the effect of sound source wasfisant @ = 0.039) while
that of panning method was nqi £ 0.156). Nevertheless, similarly to the other
timbral attributes described above, the estimated effexio$izound source appears to
be negligible (Partial Eta Squared value = 0.089). It s falgnd that the interaction

effect between sound source and panning method was insignificagt 203).
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Table 3.21 Result table of repeated measure ANOVA test for tha datained for
‘fullness’ difference between stereophonic and monophonic stimuli
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Table 3.22 Result table of Mauchly’s test of sphericity for the daldained for

‘fullness’ difference between stereophonic and monophonic stimuli

G

Figure 3.12 showsthe mean values and 95% confidence intervals for each sound
source and each panning method. It can be seen that the stereoplageis were
perceived to be ‘fuller’ than the monophonic image in all conditiom$owever, like

the other timbral attributes, the magnitude of the effect dugsappear to be
considerable. Table 3.23shows the results of pairwise comparisons between each

sound source and it is indicated that the piano and trumpet pathe/@nly pair that

had a significant difference.
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Figure 3.12 Mean values and the associated 95% confidence intervalsgrftliag
data of ‘fullness’ difference between stereophonic and monophonialisby sound
source and panning method
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Table 3.23 Result tables of pairwise comparisons between each sound smarce
between each panning method for ‘fullness’ attribute

3.4.4 Discussions

3.4.4.1 Discussion of the results for the individu al attributes

From the results presented in the previous section, it was found that tietfeund

source was statistically significant for all the attrésiexcept source distance, while

that of panning method was significant only for the source fandsthe source width
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attributes.  The significance found in the sound source effect feimbeal attributes
seems to be a natural result to some extent because each sorgedr®s different
spectral characteristics. However, the estimated siZeea$dund source effect was
shown to be very small for every attribute, whereas th#teopanning method effect
for the source focus and the source width attribute was grehts means that the
most dominant differences between the stimuli, for the source &mlsource width
attributes, were caused by using different panning methods. @adngidthat
noticeable comb-filtering effects due to reflections in an aamisdpace are usually
caused when the delay time is in the range between 10 and 50nentksned in
Section 2.1, it is suggested that the small effect sizetddirhbral attributes seem to
be due to the small range of ICTD (<< 1ms) involved in theatgy However, this
result cannot be generalised since only a limited rang@etiml characteristics in
sound source was considered in this experiment; only low not® @iad trumpet

sources were used, for example.

The results showed that the source focus and the source Widihtas had similar
patterns in the effects of both sound source and panning method, hltheuaplarity

of the scale used was opposite. For instance, the magnitude of panning rffettiod e
increased in the order of intensity, combination, and time panningngltyte<
Combination < Time). This result suggests that when tisesegreater ratio of time
difference to intensity difference information involvedariwo-channel stereophonic
microphone technique, the perceived phantom image will be leasdid and wider.
This confirms the widely known, but mostly anecdotally reportaspatial

characteristics of coincident, near-coincident, and spaced-omni techniques
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The result for the source width attribute might be explaineth&effect of interaural
fluctuations over time on the perceived width of a source. d&ssribed in Section
2.3.2.4, Mason and Rumsey [20Qik]jdertook research into interaural time difference
(ITD) fluctuations as an objective measure related totaydspatial perception in
sound reproduction and they reported that the perceived source widdsags the
magnitude of ITD fluctuations becomes greater. In the reprodustioanventional
stereophonic recordings, the amount of interchannel time differ@@d D) between
each signal can determine the magnitude of ITD fluctuationslarger ICTD will
cause a higher degree of decorrelation between the intesagnals, therefore a
greater magnitude of ITD fluctuations, which would also mean alsmdegree of
interaural cross correlation (IACC) according to Mason 2200 This explains why a
spaced microphone technique would produce a wider phantom image than a
coincident technique. Although fluctuation in 11D would also be tialkéo account

in the perception of source width to some extent, as mentiar@ection 2.3.2.4, ITD

fluctuation tends to have a more dominant effect on the increase of perceitied w

The results show that the effect of sound source type on the $ocuseattribute was
significant. From the interaction between sound source andngaméthod it was
further found that the significant difference between souncceswas mainly caused
by the difference between the speech source and the piano or trumpes goutime

panning. Piano and trumpet sources did not give rise to a signifitéerence.

This might initially look rather contradictory to the finds@f classical literature
relating to the precedence effect discussed in Chapter 2. ildrature suggested

that a more continuous sound would be more difficult to localee dhmore transient
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sound. However, in the context of the current experiment the tasknatato
compare the three different sound sources directly with eaeh, dtut to compare the
stereophonic phantom images for those sources with the reference monophgeg ima
for each. Therefore, assuming that the trumpet source wagatlsigdifficult to
localise due to its continuous nature, it might have been thaliffeeence between
the monophonic and stereophonic sounds was hardly detected in tetmassofitce
focus attribute. On the other hand, assuming that the speech s@saiginally
easily localised due to its ongoing transients, the differbert@een the monophonic
and stereophonic sounds in respect of the source focus attwbutd have been
likely to be more distinctive. This might also be relatedtite ‘plausibility
hypothesis’ proposed by Rakerd and Hartmann [1985], which was introdiced
Section 2.2.3. That is, the continuous nature of the trumpet sound mighbéen
recognised to be implausible for detecting necessary interéumel differences
required for localisation of both monophonic and stereophonic imagesitsimaght

have caused a strong interaction with room reflections,

For the source width attribute, it was found that the perceivddralices for the
speech and piano sources were significantly greater thanothidief trumpet source.
This could be initially explained by the fact that the speaad piano signals have
more dominant low frequency energies than the trumpet signafigee 3.2), since
some literature suggests that the low frequency componentsuotl sources are
significant for the perceived source width as reviewed ini@ee.3.2.2. However,
it can be seen from the results that the perception obtlmees width difference has a

similar tendency to that of the source focus difference aisdntight suggest that
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these two attributes are correlated. If this is the caseuld be considered that the
plausibility hypothesis might also have been applied for the perception oé swiditt,

although this is an issue that requires further investigation.

It is interesting to observe that the brightness and hardness attributesitadssiund
source effects. It can be found that for both attributes tmifisance of the sound
source effect was caused by the piano source regardlesstgpéhof panning method
(see Figures 3.10 and 3.11). This means that the stereophonic image became
significantly duller or softer than the monophonic image whempthro source was
used. This might be due to a comb-filtering effect occurred in the region of the uppe
harmonics. However, this result cannot be generalised beteuggho source used

in this experiment was only a single C3 note having spectrehctesistics generated
from a relatively low fundamental frequency. The result mighte differed if a

piano note with a higher fundamental frequency had been used.

3.4.4.2 Discussion of the relationships between th e attributes

It was observed in the results that some attributes hadasipatterns in the effects of
sound source and panning method, e.g. source focus — source width, and lsrightnes
hardness. In order to identify the perceptual dimensionshefsix attributes, a
principal component analysis was carried oligure 3.13displays the ‘eigenvalue’

for each component that was initially extracted. An eigenvalaeceptually

represents the proportion of the total variance accounted for byi@ufzarcomponent,
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and determines which components are retained in the analysisthentomponents
having an eigenvalue of greater than 1 are extracted. Hrencurrent analysis,
therefore, only three effective components (component number 1, 2) arel fihally

extracted.

Table 3.24presents the rotated component matrix containing the partieg|atoon
values of the six attribute tests on the three components textradt is shown that
source focus and source width attributes essentially constitatsame perceptual
dimension of Component 1; brightness and hardness attributes of Component 2;
fullness and source distance attributes of Component 3. Témdtibns between

each component based on the matrix are also shokigune 3.14
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Figure 3.13 Display of the eigenvalues for the components initiallyaeted from

principal component analysis
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Table 3.24 Table of the rotated component matrix obtained by principal component

analysis
X UWW
X UNVW
_ W Uvw W U W
1, |
I 2
é w W o w W
5 @
TWetwW TWHIW
T X UW-W TX HW-W
TXUWW TWU\w WUww wWuU\w XUWWUwWW TWU\W WUWW
j—"——eEGY j-"——eE*>GZ
XU
v h>>™e% > E .
§—e™SEG*-Ses
§—@™MSEGZe<>e
w %o ™MeZes>e ESS
— N "M (ESS
I, e"““e(ESS
I S—@™SEG«S> " *SE
é w W
v
@
TWYTW
T X HWW
TXUWW TWU\W wWuUww wWu\w XUWW
j—"——eE+>GZ

G

WuU\w

Xuww

Figure 3.14 Component plots based on the rotated component matrix obtained by

principal component analysis
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This result is compared with the result of a bivariederelation test, presented in
Table 3.25 This directly indicates the relative strength of corretatbetween each
attribute and each component. It can be found in the result theduhee width and
source focus attributes (Component 1) had a very strong negatinadation ( = -
0.893); whereas brightness and hardness (Component 2) had a moderatgocogrel
=0.494). Correlation between fullness and source distance (Com@rsrghown
to be weak (r = - 0.341). From this it might be suggested tfaat though three
hidden perceptual dimensions were discovered from principal companaiysis,
Components 2 3 might not be particularly relevant or directhgrpnetable.
However, it can be strongly suggested that the subjects wedceource focus and
source width attributes in the same dimension in the listetieisty For example, a
less easily localised source might have been perceived &den source, whereas a

more easily localised source might have been perceived as a narrower sourc
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Table 3.25Result table of bivariate correlation test
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3.4.4.3 Limitations

The investigation described in this chapter was designedamtiicted systematically

but there are also a number of limitations that must be considered.

The fundamental frequencies of the musical sound sources uddsfimvestigation
were limited to low frequencies and this limited the scopehef elicitation and

grading experiments, especially for the timbral attributes.

Single notes of musical sound sources were used and this ceetadfiled the author
to strictly control the variables of the temporal and spechraracteristics of sound.
However, the musical stimuli were generally said by theestbjto be somewhat
uncomfortable to listen to. Especially the continuous trumjpaubtwere found to

be tiring when listened to repeatedly for a long period and thistrhaye affected the
subject’s ability for consistent judgment. The piano glinvere also found to be
difficult to compare simultaneously because they were single tragie. For these
reasons, it was recognised that it could be more appropoatese performance

extracts of single instruments for the next investigation.

In the course of instructing the subjects for the gradingrérpat, it was found that
some subjects were not fully familiar with the definitimissome attributes because
those attributes were not directly developed from the tehaisthose subjects had
described individually. This is likely to be due to the laclgfup discussion in the

process of developing pooled subjective terms, which would higea gach subject
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the opportunity to familiarise themselves with the meaningghefterms that were
elicited by other subjects. Therefore, extra verbal expitamgaon the definitions of
the provided attributes were required in the instruction todaa logical error, which

was described imable 3.5

It was reported in Section 3.4.4.2 that the source focus and seiglte attributes
were negatively correlated at a high level and this might be a natural redolivever,
it might also be that this strong correlation was causeal fmpximity error (se&able

3.5. That is, since the two attributes are conceptually adjadeases on the
relationship between the attributes might have been involvdteisubjects’ gradings
when they were graded in the same test. The results mightlean different if the

two attributes had been tested separately.

3.5 Summary

G

A series of subjective experiments were conducted in ordemnvestigate the
perceptual attributes of 2-0 stereophonic phantom images. Therehnee different
sound sources: speech, transient piano hit and continuous trumpet nbie.
stereophonic stimuli were created by using three different panmétigods: pure time
panning, pure intensity panning and a combination of the two. Fitlsdysubjects
described the perceived differences between the stereophodicha reference
monophonic sounds using their own terms. The subjective terms were then deparate

into six attribute groups. Finally, the subjects graded the magnitudespsriteved
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differences between the stimuli on the attribute scales dewklofdée data obtained
from the grading experiment were analysed using the RM ANOa#sttal model.

The findings of this investigation are summarised below:

Six common attributes were developed from the elicited teonsalf sound
source types. There were three spatial attributes, comprisingce focus,
source width and source distance, and three timbral a#sbabmprising
brightness, hardness and fullness.

Source focus and source width were perceptually the most donaittdintites of
2-0 stereophonic images.

The type of sound source had a significant effect on the differdetween
stereophonic and monophonic images for all attributes except source distance.
The type of panning method had a significant effect only fospiagial attributes
of source focus and source width.

Source focus and source width were correlated at a high level.
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4 PERCEPTUAL EFFECTS OF INTERCHANNEL
CROSSTALK IN 3-2 STEREOPHONIC MICROPHONE
TECHNIQUES

This chapter describes a series of subjective experimentiicted to investigate the
perceptual effects of interchannel crosstalk in 3-2 spfenic microphone
techniques. As introduced in chapter O, interchannel crosstétie inontext of the
current studies is defined as an extra signal to the prigignals that are responsible
for the localisation of phantom image in the desired two-chanmseldbstereophonic
segment. For instance, if a three-channel microphone technidqaebis used for
recording a sound source located in the right stereophonic seghe signals of the
centre (C) and right (R) microphones are regarded as the signalsilgrigsponsible
for image localisation while the signal of the left microphdhg is regarded as
crosstalk. If it is assumed that the image localisationtieg from the interchannel
relationship between the signals of C and R is not affedtgdfisantly by the
crosstalk signal L, the perceptual effect of the crosstgikal can be investigated by
comparing the image created by C and R (crosstalk-off) tha&hcreated by L, C and
R (crosstalk-on). The investigation described in this chaptbased on the above

assumption.

The primary research questions formulated for this investigatiom agfollows:

What kind of auditory attributes are perceived when interchacnosistalk is

present in multichannel microphone techniques?
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How audible are these attributes?

Does the subjective grading for these attributes depend orotifiguzation of
microphone array (combination ratio of interchannel time and iityens
differences), the type of sound source, or acoustic condition?

Does interchannel crosstalk have a significant effecherstibjective preference

for perceived sound quality?

In order to answer these questions, a series of listeningimepes were designed
and undertaken. The first two experiments were inspired by the @B#od,
which was described in Section 3.2. The first experiment was cealdiacelicit the
perceptual attributes of interchannel crosstalk and examineckldite/e perceptual
weights of those attributes and the second experiment invedtitpatasignificance of
the effects of microphone array configuration, sound source typeaeodstic
condition. The results of these two experiments were of the merests in the
current research. However, as mentioned above, it was of addititeralst to see
the effects of interchannel crosstalk on subjective pneéereon perceived sound
quality. Therefore, the third experiment examined the pete between the
crosstalk-off and crosstalk-on stimuli, which were selected tr@rstimuli that were
used for the elicitation and grading experiments. Finally,dalitianal experiment
was carried out to further investigate the preferencénferchannel crosstalk using
practical recordings made with microphone techniques having afiffesrosstalk

characteristics.
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4.1 Experimental Hypotheses

The literature reviewed in Chapter 2 generally suggested tHat itohtext of concert
hall or room acoustics, the addition of delayed secondary signalsadghel signal
would influence the perception of localisation accuracy, spattession and tone
colour of the auditory image. From the experiments descriibethe previous
chapter, this was confirmed to be the case in the confe2{0 stereophonic sound
reproduction. Those experiments investigated the perceptuetedifie between
monophonic source images and 2-0O stereophonic phantom images cretlited wi
various ratios of interchannel time and intensity differenasig different types of
sound source. It was shown that the differences were perceivedh spatial and
timbral attributes comprising source focus, source width, soustande, brightness,
hardness and fullness. It was predicted that similar diffes would be perceived
between two-channel phantom images with crosstalk off (CR) lared-thannel
images with crosstalk on (LCR) in three-channel microphone techniques, crashe
similarity between the contexts of the two stereophonic expetin{ee. comparison
between one-channel and two- channel images vs. comparison betwegmannel
and three-channel images). The results from the previous mgmralso showed
that the panning method or sound source had a significant effect onrtieptpal
difference between stereophonic phantom image and monophonic source image
depending on the type of perceptual attribute. From this, it wgial to
hypothesise that the combination ratio of interchannel time and ityteliféerences
involved in the crosstalk signal, and the type of sound source, wooldfféxt the

perceptual difference between crosstalk-off (CR) and ctissta(LCR) images.
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The acoustical characteristic of the recording environmentisaspredicted to be an
important factor since such acoustic parameters as ieflecand reverberation
would be likely to affect the pattern of perception of the somadjes as discussed in
Chapter 2. Additionally, it was predicted that the subjeqtireference for sound
images created with interchannel crosstalk would be dependehé dype of sound

source since the specific attributes of sound images desireecbrding engineers
would be likely to vary depending on the temporal or spectral deaisics of sound

sources.

4.2 Designs of Elicitation and Grading Experiments

This section describes the experimental design involved in itagbn and grading
experiments. This will include discussions on the choices of indiep¢ variables

and the process of experimental stimuli creation.

4.2.1 Choice of microphone technique

4.2.1.1 Basic philosophy

As discussed in Section 1.4.1, current 3-2 stereophonic microphonegjtezhoan be
divided into two main groups according to Rumsey [2001]'s claasific: those that
use five-channel main microphone arrays and those that use sdpamtaitend rear
arrays. To recap briefly, the former consists of five microphotihat are placed

relatively close to each other and form a single array, purdhimgecreation of a
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natural sound field of the recording space. With these techmiqogerchannel
crosstalk is likely be an issue not only between the front chabuelso between the
front and surround channels due to the relatively short distatwediethe front and
rear microphones. The techniques in the other group use froritalnmeophone
arrays that are used specifically for accurate pickup oftds@und so that sources can
be easily localised on reproduction, together with separatenieeaphone arrays that
are designed to pick up decorrelated ambient sound to feedrtbarsl loudspeakers.
Different rear microphone arrays can be combined with diffefeontal arrays
depending on the desired directional and ambience characteristias. the
techniques in this group interchannel crosstalk between the front and ceaphones
would not be significant because of the sufficiently long distdeteeen them. In
this regard, it seems that techniques in this group give diegoengineers more
freedom to control the spatial impression and enables them ttheiseartistic and
technical creativity more than the five-channel main microphecienique. For this
reason, a technique with separate treatment of front and reach@aen as the basis

for the elicitation, grading and controlled preference experiments.

4.2.1.2 Simulation of microphone technique

If a microphone technique were operated in a practical regprdenue, such
uncontrolled acoustic artefacts as reflections and reverberatim I®ad to difficulty
when analysing the factors that caused the resulting perceffteets. In order to

obtain data about the effects of interchannel crosstalk on phanmeages in the
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absence of room reflections the experiment included a simulatirecordings made
in an anechoic condition, rather than using recordings made incticaravenue.

For the anechoic experiment, only a three-channel frontal microgaoheique was
needed. Even though the primary aim of this research was to tamdetise effect

of interchannel crosstalk in anechoic recording conditions, whidblepae to obtain
the controlled results, it was also of interest to see tm@perception of this effect
would differ in the context of different reverberant recordiognditions. As

discussed in the previous section, the purpose of the reappindme array in the
context of this experiment is to provide a diffuse ambience rr#étlam a localisable
image of the direct sound. The ambient sound picked up by mig@phone array

was simulated by using an artificial reverberator.

4.2.1.3 Frontal microphone technique

The frontal microphone technique chosen for these experimentshevaso{called
‘critical linking’ three-channel microphone technique, proposed byiaiis and Le
Du [1999] (detailed descriptions of this technique were predeint Section 1.4.2).
The basic design concept of this technique aims to achievatmuous distribution
of phantom images across channels L, C and R by linking treoptenic recording
angles (SRAs) of each stereophonic segment C-L and C-R wikedap. Within
one segment, the psychoacoustic laws for localisation in conventisoalhannel
stereophonic reproduction such as summing localisation or the preeedffect are

applied independently without considering the influence of theradegment. For
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example, when a sound source is located &f td5the right of the centre line,
localisation of the phantom image should be governed by the suntwaimgsation

effect between C and R only, and in this case L can be exjas crosstalk to the
channels C and R. Ideally, L should not be taken into account iloc¢hksation

process since it is to be suppressed by the same effect prebedence effect
operating between C and L. It was showrFigure 1.18in Section 1.4.2 that the
linear attachment of two separate recording segments dmmilduccessful for

microphone techniques of critical linking type.

However, from the reports on the perceptual effects ofatédles that were reviewed
in Chapter 2, it could be hypothesised that even though the positthe phantom
image can be solely determined by C and R without the aid ofelprisence of L
will influence the spatial or timbral quality of the imagesbme extent. This could
also be supported by the results of the previous experiment indicttat the
stereophonic phantom image created with certain time and iytedifferences
between two channels was perceived to have differences toothesmonding
monophonic image in both spatial and timbral attributes. In th&rded is logical
to examine the effect of interchannel crosstalk by compahiegmage that is created
with the crosstalk channel turned on (image formed by conwiisifrom LCR) and
that with the crosstalk channel turned off (CR only). Thgcatilinking technique
supposedly enables one to create various array styles haviegenlifdistances and
angles between microphones while keeping the SRA acrossdndCR constant.

Therefore, the effect of the ratio of time to intensity diffesxes between the crosstalk
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signal and the other channels can be investigated by compariegenifmicrophone

arrays sharing the same SRA.

Williams and Le Du provided various examples of critically linked microplaorays.
For the current experiment, four sample arrays were selatedthe examples as
shown inFigure 4.1 These particular arrays were chosen because theedite
between each array in the distance and angle between micropteesnsidered to
be large enough to provide four distinctive interchannel relships for the crosstalk
signals. The common SRA for these arrays was 180°, the setiwaection of the
sound source was 48rom the centre line of the array and the distance filoen
centre point of the array was five metres. The particular sourcgiolirevas chosen
because the interchannel relationship caused by a sourted@tahat direction was
considered to be a good compromise between the extreme intelcreati@enships
required for the hard-centre and fully-right images that can la¢eckevithin the SRA

of 909 for the C-R segment.

The interchannel time and intensity differences between L aniti®etween R and

C calculated for each array are shownTable 4.1 As found by the authors
mentioned inTable 1.1, e.g. Simonsen [1984], Wittek [2000], Lee [2004] (see
Appendix A) , in a conventional 2-0 stereophonic reproduction the minimum
interchannel time difference (ICTD) required for localisagphantom image at a
fully one loudspeaker is 1.0-1.1ms, provided that there is no interehamensity
difference (ICID). On the other hand, the minimum ICID requi@dthe same

effect is in the range of 15-18dB, provided that there is no ICTD.rtaiGe

159



4 Perceptual effects of interchannel crosstalk in 3-2 stereophoniophizne
techniques

combinations of relevant ICID and ICTD can also cause the sffe and they can
be calculated based on the time-intensity trade-off curfe&/iliams [1987] (see
Figure 1.1) or those of this author [2004] (sE&yure A.6 in Appendix A) depending
on whose psychoacoustic values are believed. It was suggestiueity [2001]
that this trading relationship could be applied constantly eetchannel application.
That means that the ICTD and ICID relationship requireddealising the phantom
image at fully one side between L and R in a two-channel steoetd cause the
phantom image to be localised at fully one side between C amd@.and R in a
three-channel stereo. It appears that whatever trade-off isunsed, the combined
ICTD and ICID values for C - L segment showrilable 4.1are more than enough to
cause the full phantom image to be localised fully at C. $higgests that the
crosstalk signal L would theoretically have no effect on deténgithe position of

the phantom image.

CtolL CtoL CtoR CtoR

delay intensity delay intensity
Array 1 0.64ms - 20.5dB - 0.08ms -0.7dB
Array 2 0.79ms -12.8dB 0.06ms 0.6dB
Array 3 0.94ms - 8.0dB 0.16ms 1.2dB
Array 4 1.09ms -4.6dB 0.21ms 1.4dB

Table 4.1 Time and intensity differences between the centraratiaand the left or

right channel for each array: the simulated direction of s@oudce is 4% and the

simulated distance of the sound source from the arrays is 5m.

160



4 Perceptual effects of interchannel crosstalk in 3-2 stereophoniophizne
techniques

wog'0e

wo/G'eT

17.25cm

17.25cm 17.4cm 17.4cm

(a) Array 1: the L-R angle is 100° (b) Array 2: the L-R amgyR0°
C
c B
(V)
3 g
3
L R L R
@ 18.8cm » 18.8cm @ S 21.4cm - 21.4cm g
(c) Array 3: the L-R angle is 60° (d) Array 4: the L-R amgh0®

Figure 4.1 Configuration of ‘Critical linking’ microphone arrays simulatéx the

elicitation and grading experiments

4.2.2 Choice of sound source

It was of interest to examine whether the effect of intmokel crosstalk depends on
the type of sound source. Three types of natural sound source siogmello,
bongo and speech were chosen for this experiment due to theictoist temporal
and spectral characteristics, with the cello being relatigehtinuous and having a

complex harmonic structure, the bongo having a strong transiengnatd the
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speech having a fine mixture of transient and continuous soundsllaasveewide
range of frequencies. The signal for each sound source waseaho& mono
recording of a performance excerpt taken from the Bang &s@tufArchimedes
project CD [Hansen and Munch 1991]. From a psychophysical viewpoiniglit
be claimed that the characteristics of natural sound soared¢so complex to strictly
analyse the effect of spectral or temporal charadeyisf the sound. In fact, the
use of pure sine tones or bandpass noise signals might allmare controlled
investigation of various aspects. However, results obtairitdsivictly controlled
stimuli often lack ecological validity and might not be apgileato natural sound
sources because the characteristics of the latter are ocaonplex and invoke
cognitive associations as well as basic perceptual respon$ésrefore it was
deemed to be more appropriate to use sound sources likely tocbentered in
practical recording situations. The waveform and frequenclyssalots for each
sound source are shown figures 4.2and 4.3 The waveform shows temporal
variations during specific 0.3 second extracts taken from therpshce, which
show representative temporal characteristics, and thadineg analysis is a plot of

the average intensity by frequency over the whole performance.
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(a) Cello source

(b) Bongo source

(c) Speech source

Figure 4.2 Short term extracts of waveforms for each sound source
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(a) Cello source

(b) Bongo source

(c) Speech source

Figure 4.3 Long-term averaged frequency spectrum of each sound source
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4.2.3 Acoustic conditions

The acoustic conditions considered in this experiment compriseth@oge ‘room’

and ‘hall.  As mentioned above, the anechoic condition wapriofiary interest
since it enabled the strict control of variables, and it evaated naturally by using
anechoically recorded sound sources. Simulations of recordinds imalifferent

acoustic conditions were also used in order to predicbéaviour of interchannel
crosstalk in practical recording venues such as room and Hialthis simulation, the
interchannel crosstalk signals and artificial reflectionsrererberation could be
controlled separately, which means that the effect of intercharmestalk was only
imposed on the direct sound component. However, this is not possimactical

situations because the front microphone array would normallyygateflections or
reverberation at the same time. Therefore, what was irdendhbis simulation was
to observe in a controlled manner how the reflections or rearerwith a

reasonable mixing level would influence the effect of irftarmel crosstalk
perceptually. The detailed characteristics of the simulatexh mand hall conditions

are described in the next section.

4.2.4 Stimuli creation process

A set of multichannel stimuli, involving 36 combinations of foucrphone arrays,
three sound sources and three acoustic conditions, was processedefqetiment.

The process was carried out in Studio 3, a multichannel sound cadrolof the
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University of Surrey’s Department of Music and Sound Recordifidne diagram for
the stimuli creation process is showrFigure 4.4 For the creation of the anechoic
stimuli, monophonic signals of each anechoic sound source weréefrsito three
separate channels on a Sony Oxford-R3 digital console and theypnaxessed in
accordance with the time and intensity relationship of @aichophone array shown

in Table 4.1 The processed signal of each channel was then routed toreaph g
output of L, C and R for the reproduction of three front channels. On the other hand,
the room and hall stimuli were mixed for the reproduction ofiadl €hannels. The
monophonic signal of the anechoic sound was sent to a Lexicon 480beawter
through an auxiliary output of the mixer. The four purely ambietputusignals
generated from the reverberator were then routed to two group ouiputs
reproduction of the front channels L and R as well as those feutheund channels
LS and RS, with the intensities of each signal kept thees#hus being mixed with
the original anechoic sound signals in L and R. The basis for tlenfpur outer
channels for reproduction of the reverberation signals is as folloAs mentioned in
Section 1.4.3, Hiyamat al [2002] investigated the number of loudspeakers required
for the reproduction of the optimum spatial impression of a difsmind field. To
recap, a reference loudspeaker arrangement consisting of 24 lakelspplaced at
every 18 making a circle was compared with various arrangements having amtiffere
number of loudspeakers (12, 8, 6, 5, 4, 3 and 2) with regard to spapiegdsision.
They found that at least four loudspeakers, which were amlangamilar positions

to the BS.775-1 recommendation, were required for listeners toiygeresimilar
spatial impression to the reference sound. For creating ansoends of room and

hall, the presets of ‘large room’ and ‘large hall' setup exisin the reverberator
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were used. The details of the reverberator setup used fangréa room and hall
ambient sounds are shown Table 4.2 In general, the ‘large room’ set can be
described as producing coloured and comb-filtered ambient sounisshafiping
echoes. The ‘large hall’ creates an ambient sound that has a lemgeberation

time and is more diffused without colouring the direct sound.

Size RT Mid RT Low | HF Cut-off | Pre-delay
Large Room 19m? 0.70s 0.70s 6.593kHz Oms
Large Hall 37m? 2.19s 2.63s 2.862kHz 24ms

Table 4.2Parameters of the ‘Lexicon 480L’ reverberation setup usesirfarlations
of room and hall (RT Mid = middle frequency reverb. time, RT Llolew frequency
reverb. time)

The mixing ratio of the direct sound and reverberation was up to the authsthHetae
judgment as an experienced balance engineer, aiming to com@rdmaig/een
maintaining the clarity of the direct sound and achieving aafit listener
envelopment. The signals from each group output were individuatigrded to
computer hard disk using a Protools hard disk recording interface and wereaflyentu

transformed as monophonic audio files.
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Figure 4.4 Diagram of signal processing for stimuli creation

4.2.5 Physical setup

The experiments were conducted in an ITU-R BS.1116-compliant [19%nilig
room at the University of Surrey. In accordance with the -R'WBS.775-1
recommendation [1993], five Genelec 1032A loudspeakers were seOyB38f and
110°, with a distance of 2m from the subject’'s seat. In dadawoid the effects of
loudness difference on the subjects’ judgments, the peak sound pilessigef all
stimuli were calibrated at 75dBA. The stimuli were playeckidarough a Yamaha
O2R mixing console and controlled by a computer-based control irggpfaced in

front of the listener’s seat.
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4.2.6 Test subjects

Similarly to the case of the experiments described in the quewhapter, it was
deemed to be more reasonable to employ experienced listenarst$areiquiring fine
perceptual distinctions, as suggested in ITU-R BS.1116 rec. [19%4grefore, a
total of eight experienced subjects took part in the experimémtey were selected
from staff members, research students and final year undeageastudents on the

University of Surrey’s Tonmeister course.

4.3 Experiment Part 1: Elicitation of Perceptual A  ttributes

4.3.1 Listening test method

This process used only six representative stimuli from théengea of stimuli created.
They were each anechoic sound source combined with microphone hraags4,
which were considered to have the most distinctive differemgeeiception of the
resulting images. The reason for using only the anechoialstimas that they
enabled the most focused listening to the effect of intermamosstalk without any
artefacts of recording room acoustics. This test was dektgrgive the subject the
freedom to control the playback of the stimulFigure 4.5 shows the control
interface used for this test, which was written using MAXRVSoftware. There
were a total of six trial pages and the buttons A and B i @age presented the

images of CR (crosstalk-off) and LCR (crosstalk-on) in randaarsr  The stimuli
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pair A and B was synchronised and looped so that the subjectssvatdd between

them freely and listen repeatedly.

Figure 4.5 Layout of the control interface used for the pair-wise corsparand
elicitation of auditory attributes

There were two tasks for the subjects to complete in this test, cimgpri
To define the global set of auditory attributes for the peeckidifferences
between the images of CR and LCR.

To grade the overall intensities of audibility for those attribute

The first task was given in order to understand the basic augitycepts arising
from interchannel crosstalk. As mentioned earlier, the stsbjeere provided with a
list of potential attributes and asked to select the onlesam to the perceived
differences. Any additional differences perceived were tlsbe described using
the subjects’ own terms and they were unified into common tdyngformal

discussions between the subjects. The choice of the provididitag was based

on the results of the previous experiment. A number of otherabmatitimbral
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attributes were also available to choose from various eiamitaxperiments [Berg
and Rumsey 1999, Zacharov and Koivuniemi 2001, Gabrielsson and Sjogren 1979].
However, due to the similarity of the experimental contekis, attributes perceived
between monophonic and two-channel stereophonic attributes were founch tihéo
most appropriate basis for evaluating the differences bativeschannel (CR) and
three-channel (LCR) stereophonic images. The definitions gifrthéded attributes

are shown inrable 4.3 For the attribute meaning the ease of localisation, the term
‘source focus’ from the result of the previous two-channel expetivas replaced
with ‘locatedness’ [Blauert 1997] since the semantic meaninthefformer could
well be confused with that of ‘source width’. The ‘source fioca attribute was
additionally included because a small degree of source locshidinwas noticed

between the images of CR and LCR in the author’s own informal listening test

The purpose of the second task was to limit the number of agiilboitbe graded in
the next test. Grading all the elicited attributes was densd to be ineffective
since minor attributes are likely to have small experimesffects. The 10-point
scale shown irFigure 4.6 was used fothe subjects to grade the audibility of the
elicited attributes. The degree of audibility might vary ddferent stimuli, but the

grading was to be related to the most audible one.
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10 —7— Very audible
9 ——
g ——
7 —T— Audible
6 ——
5 ——
4 —— Sslightly audible
Y —
Y
1 —-— Just audible

Figure 4.6 Scale used for grading the audibility of each attribute elicited

4.3.2 Results and discussions

As a result of the elicitation test, a total of elevenitaites were elicited from the
subjects comprising all seven of the provided attributes arrcaffilitional attributes.
Table 4.4shows the attributes that were elicited, the number of theurmences, and
their audibility indexes. The audibility index represents #werage degree of
audibility for each attribute, and it was obtained by dividingstina of the audibility

grading values obtained for each attribute by the number of subjects.

According to the results shown in the table, ‘source widththes most audible
attribute, having an audibility index of 6.5. The second most audilsibutét is
shown to be ‘locatedness’. The audibility index is 4.7 and #iligevindicates that

the attribute was more than ‘slightly audible’ accordimghe semantic labels on the
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scale. The audibility indexes of all other attributes a@ws to be lower than 4.0.

This means that the differences for those attributes wmetbe range between just

audible and slightly audible, which are considered to be minectsff Therefore,

the ‘source width’ and ‘locatedness’ attributes, which weaglenl above the ‘slightly

audible’ level, were finally selected to be used for the next gradihg tes

Source width

The perceived width of a sound source itself
i.e. is one source perceived to be wider than the other?

Source distance

The perceived distance from the listener to a sound source
i.e. can the sources be discriminated in terms of their distanc

pS?

Source location

The perceived location of a sound source
i.e. does the apparent location of the source appear to chang

e?

el of

el of

Locatedness | The easiness of localisation of a sound source
i.e. how easy is it to pinpoint the apparent location of a source
Brightness The timbral characteristics of a sound depending on the ley
high frequencies i.e. bright / dull
Hardness The timbral characteristics of a sound depending on the ley
mid-high frequencies (especially in the range of 24kHz)
i.e. hard / soft
Fullness The timbral characteristics of a sound depending on the ley

low frequencies i.e. full / thin

el of

Table 4.3Definitions of the auditory attributes provided for selection
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Attribute Occurrences | Audibility index
Source width 7 6.5
Locatedness 6 4.7
Source location 6 3.6
Fullness 5 35
Source distance 7 3.1
Hardness 3 2.3
Brightness 5 1.4
Diffuseness 1 13
Naturalness 1 13
Envelopment 1 0.7
Phasiness 1 0.5

Table 4.4 Attribute group, number of occurrences and audibility indexinbt for
the differences perceived between the images of CR and L&Rcello, bongo and
speech sources

4.4 Experiment Part 2: Grading of Perceptual Effec  t

4.4.1 Listening test method

The grading experiment was designed based on the result of the elicitatidmerper
and required subjects to grade the perceived difference betweematies of CR and
LCR. It was considered that the locatedness and source \iiditas might have
adjacent characteristics, and therefore a proximityr enight be caused if they were
graded simultaneously in the same session. In other words, thietylmaigraded as
unnecessarily correlated due to a possible biasing effegebeteach other. In fact,
this might have been the case for the strong correlatiotmeba source width and

source focus attributes that was found in the previous two-champelirent.
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Therefore, it was decided to test each attribute individuallyprder to avoid a
psychological bias. To this end, the whole experiment was dividediwo sub-

tests: locatedness change test and source width change test.

A total of 36 stimulus-pairs were created for comparison. |h etobute test, each
subject was asked to compare the 36 stimulus pairs twice, aredadte a total of 72
trial sets were produced. Grading all the 72 trials in oneosessght have caused
experimental errors due to subject fatigue, so the 72 trials weributistl evenly into

three separate sessions by the type of acoustic conditionsessibn thus containing
24 trials. In order to avoid such psychological errors as contrasvergence and
anticipation errors, which were introduced in Section 3.3.1, the ofd@esentation

for the trials was randomised for each session and for edspict The orders of

sessions and attribute tests were also arranged differentlycfosebject.

This experiment used a 7-point continuous grading scale labeded-30 to 30.
The reason for using a continuous grading scale rather tkamantic differential
scale was explained in detail in Section 3.3.1. The ends eofsthle for the
locatedness attribute were labelled as ‘more located H4dested’, and those for the

source width attribute were labelled as ‘wider — narrower’.

An example of the control interface used for the experimestiasvn inFigure 4.7.
As can be seen, a vertical slider was used for grading, wiihmwting the value to
the subjects. The graded value was saved automaticatiijcking the ‘next trial’

button. The question presented to the subjects was as shola figure, but the
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order of the crosstalk-off (CR) and crosstalk-on (LCR) imagesegmted by the
buttons ‘A’ and ‘B’ was randomised for each trial. Prior torfan grading tests a
few familiarisation trials were provided to the subjeat®ider to encourage them to
use consistent scale ranges and also avoid central tendeoxsy [Stone and Sidel
1993]. Six representative stimuli comprising the extreme arcdyd and 4

combined with three sound sources were selected for the familiarisalen t

Figure 4.7 Layout of the control interface used for the pairwise gamson and
grading for source width attribute

4.4.2 Statistical analysis

A repeated measure ANOVA (RM ANOVA) was carried out for statisdoalysis of
the data obtained from the grading experiment, since all corslitrere tested within
the same group of subjects. The independent variables wetgpth@f acoustic
condition, the type of sound source and the type of microphone arrdye T

dependent variable was the grading of the perceived magnitutiifeoénce between
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crosstalk-off and crosstalk-on sounds on a scale of -30 to 30. e Weee a total of
576 observations, consisting of 16 observations for each of trec86stic condition

— sound source type — microphone array type’ combinations obtainedefgbm
subjects. Prior to the RM ANOVA test, the original graditada were normalised
based on the ITU-R BS.1116 recommendation [1994] for the reasonbedsor
Section 3.3.2. Mauchly’s test of sphericity was carried oueémh attribute test in
order to examine the assumption of sphericity. The resultshasgn inTables 4.5
and4.6. Tables 4.7and4.8 show the results of the RM ANOVA for each attribute
test. In the presentation of the results the independenablesi are termed
‘acoustic’, ‘'source’ and ‘array’. As explained in detail in Sec8d®2, the ‘sphericity
assumed’ significance value in the RM ANOVA result carubed provided that the
assumption of sphericity is mgi~0.05). However, if the assumption of sphericity

is violated p<0.05), one of the corrected significance values should be used instead.
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Table 4.5Mauchly’s test of sphericity for source width change
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Table 4.6Mauchly’s test of sphericity for locatedness change
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Table 4.7Results of repeated measure ANOVA test for source width change
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Table 4.8Results of repeated measure ANOVA test for locatedness change
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4.4.3 Results

4.4.3.1 Source width change

The results of the RM ANOVA test shown Trable 4.7 indicate that microphone
array is the most significant factor in source width champge (0.000). The main
effect of sound source is also highly significapt= 0.004), but the effect size is
small (0.310) compared to that of microphone array (0.913). On the fudhd,
acoustic condition does not have a significant effeet 0.644). With respect to the
interactions between each factor, the largest effect is adabdmtween source and
microphone array p( = 0.000), followed by between acoustic condition and
microphone arrayp( = 0.038). The acoustic*source interaction is shown to be

insignificant p = 0.714).

Figure 4.8shows the mean values and 95% confidence intervals for eadphooe

array. It can be seen that array 4 has the largest iecafasource width when
affected by the crosstalk signal, followed by array 3, 2 amddtder. Also, there is
no overlap of 95% confidence intervals between any pair of grthus causing

highly significant differences between all the arrays sd#e 4.9.
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Figure 4.8 Mean value and associated 95% confidence intervals of the grfa
source width difference between the crosstalk-off (CR) arabstalk-on (LCR)
images for each microphone array
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Table 4.9 Result of multiple pairwise comparison between each microphone array
for source width change

Figure 4.9 shows the mean values and 95% confidence intervals for each sound

source.

bongo sources.

It appears that the speech source is outstanding coripénedcello and

The multiple pairwise comparisons between eaod source
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indicated inTable 4.10confirm the significant difference between the speech and the

other sources. The cello and bongo are shown to have the samepeff@édd@0).
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Figure 4.9 Mean value and associated 95% confidence intervals of the gfade
source width difference between the crosstalk-off (CR) andstai&son images
(LCR) for each sound source
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Table 4.10Result of multiple pairwise comparison between each sound source for
source width change

The main effect of the acoustic condition on source width chargeisn inFigure

4.10 Adding multiple reflections and reverberation to an anechoic smighit

have increased the source widths for both images of CR and LU insignificant
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main effect means that the magnitude of the individual increasesimilar. This

result suggests that the source widening effect of interchaomesstalk is

independent of the acoustic condition of recording space.
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Figure 4.10 Mean value and associated 95% confidence intervals ajrétue of

source width difference between the crosstalk-off (CR) andstai@son images
(LCR) for each acoustic condition

The source*array interaction is shownFigure 4.11 Even though this interaction
effect was found to be significathe order of microphone array in the magnitude of
change was the same for all sound sources. Also, sincetittnated effect size is
only 0.351 (Partial Eta Squared), this interaction could pgssielignored. The
acoustic*array interaction was also found to be significarnt,algain the estimated
effect size is shown to be very small (0.135), and the ofderanophone array stays
the same regardless of the acoustic condition [sgere 4.12. Therefore, this

interaction could be also ignored. The acoustic*source interastignfound to be

insignificant.
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Figure 4.11 Intetaction between microphone array and sound source
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Figure 4.12 Interaction between microphone array and acoustic condition

4.4.3.2 Locatedness change

Taking an overview of the results of the RM ANOVA test aaded inTable 4.8
‘microphone array’ has the most significant effect on locatesinehange (the
significance valug is 0.000, and the estimated size of effect is 0.854). The main

effect of ‘acoustic condition’ is shown to be significaqt £ 0.003), but its
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experimental effect (0.320) is much smaller than that of microphoag. ‘Sound
source’ does not have a significant main effgct=(0.637), which means that the
magnitude of locatedness change was similar for all sound sourtks largest
interaction effect is observed between acoustic and soyrce (.029). The
interaction effect between acoustic and array can be juddededifly depending on
which corrected significance value is used because sphescitolated. That is,
the Hyunh-Feldt value (0.043) indicates significance while thee@ouse-Geisser
value (0.052) does not. However, the small partial eta-squaahkesv for
acoustic*source (0.162) and acoustic*array (0.172) suggest that thamexpet
effects of those interactions are relatively minor réigss of the significance value.

The source*array interaction is shown to be insignificant (.058).

Figure 4.13shows the mean value and associated 95% confidence intefvals o
grade given for each microphone array. It can firstly be sedrthe magnitude of
locatedness change between CR and LCR increases as thewambgr increases
from 1 to 4. This basically means that the most ‘time-diffeeé based array gave
rise to the greatest effect, whereas the most ‘intensitgrdifce’ based array gave
rise to the smallest effect. It is interesting to nbtd the magnitude of locatedness
change tends to increase almost linearly from array 2 &y &r It can also be
observed that there is no overlap between any pair ofsaira@5% confidence
interval, which means that the differences between thosericoophone arrays were
clearly distinguished by the subjects. The significant diffee between each array

is confirmed by the result of the multiple pairwise comgraritest shown iffable
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4.11 (all p values are 0.000).

the crosstalk signal is a crucial factor governing the perceptimtatddness.
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This result suggests that the intensityedandtime of

Figure 4.13 Mean value and associated 95% confidence intervals of tue gf
locatedness difference between the crosstalk-off (CR) andaliees images (LCR)

for each microphone array
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Table 4.11Result of multiple pairwise comparisons between each microphone array

for locatedness change

The plot for the effect of each acoustic condition is showRigure 4.14 Even

though the graph shows a noticeable decreasing pattern in the magnitude of difference
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4 Perceptual effects of interchannel crosstalk in 3-2 stereophoniophizne
techniques

as the microphone array changes from 1 to 4, there is a lardepobetween each
nearby condition in 95% confidence intervals, which might havedete relatively
small effect size (0.320). The result of a pairwise corspariest shown iffable

4.12 indicates that the only significant difference is betwten anechoic and hall

conditions p = 0.003).
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Figure 4.14 Mean value and associated 95% confidence intervals of tue gf
locatedness difference between the crosstalk-off (CR) andaliees images (LCR)

for each acoustic condition
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Table 4.12Result of multiple pairwise comparison between each acoustic condition

for locatedness change
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